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TITLE OF THE INVENTION 

METHOD FOR MAKING A CLEAR CHANNEL ASSESSMENT IN A WIRELESS 
NETWORK 

CROSS-REFERENCE TO RELATED PATENT DOCUMENTS 
[001] This application is a continuation-in-part of U.S. application no. xx/xxx,xxx, filed 
July 22, 2003, entitled "METHOD FOR OPERATING MULTIPLE OVERLAPPING 
WIRELESS NETWORKS" (Applicant's docket No. XSI.061), which is a continuation-in- 
part of U.S. application no. 10/367,834, filed February 19, 2003, entitled "M-ARY 
ORTHAGONAL CODED COMMUNICATIONS METHOD AND SYSTEM," which relies 
for priority on U.S. provisional application serial no. 60/357,638, by Matthew L. Welborn, 
filed February 20, 2002, entitled "M-ARY BI-ORTHAGONAL CODED 
ULTRAWIDEBAND COMMUNICATIONS SYSTEM," U.S. provisional application serial 
no. 60/397,105, by Matthew L. Welborn et al., filed July 22, 2002, entitled "M-ARY 
BIORTHAGONAL KEY BINARY PHASE SHIFT KEY SCHEME FOR ULTRAWIDE 
BANDWIDTH COMMUNICATIONS USING RANDOM OVERLAY CODES AND 
FREQUENCY OFFSET FOR PICONET SEPARATION," U.S. provisional application 
serial no. 60/397,104, by Richard D. Roberts, filed July 22, 2002, entitled "METHOD 
AND APPARATUS FOR CARRIER DETECTION FOR CODE DIVISION MULTIPLE 
ACCESS ULTRAWIDE BANDWIDTH COMMUNICATIONS," and U.S. provisional 
application serial no. 60/398,596, by Richard D. Roberts, filed July 26, 2002, entitled 
"METHOD AND SYSTEM OF ACQUIRING A BINARY PHASE SHIFT KEY ULTRAWIDE 
BANDWIDTH SIGNAL," the contents of all of which are hereby incorporated by 
reference in their entirety. This application also relies for priority on U.S. provisional 
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application serial no. 60/ 41 5,527, by Richard D. Roberts, filed October 3, 2002, entitled 
"SYSTEM AND METHOD OF FAST BINARY PHASE SHIFT KEY ACQUISITION," the 
contents of which is hereby incorporated by reference in its entirety. 

BACKGROUND OF THE INVENTION 

[002] The present invention relates to ultrawide bandwidth (UWB) transmitters, 
receivers and transmission schemes. More particularly, the present invention relates to 
a method and system for sending data across a UWB signal using M-ary bi-orthogonal 
keying. 

[003] The following is a general description of a UWB system, noting particularly how 
it is applicable to wireless networks. Although UWB technology has also been used in 
radar and ranging applications, the following discussion addresses only issues relevant 
to wireless networking applications. 

[004] It is helpful to briefly note some important design issues for indoor wireless 
networks. Such systems will need to operate over relatively short ranges in 
environments with multipath interference, but will need to provide high data rates, 
preferably using spectrum licensed by the Federal Communications Commission (FCC). 
Also, such systems are often used to support mobility, so they need low power 
dissipation to enable battery operation and, as always, low cost and complexity is an 
advantage. 
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Characteristics ofUWB Systems 

[005] One embodiment of a UWB system uses signals that are based on trains of 
short duration pulses (also called chips) formed using a single basic pulse shape. The 
interval between individual pulses can be uniform or variable, and there are a number of 
different methods that can be used for modulating the pulse train with data for 
communications. One common characteristic in this embodiment, however, is that the 
pulse train is transmitted without translation to a higher carrier frequency, and so UWB 
transmissions using these sorts of pulses are sometimes also termed "carrier-less" radio 
transmissions. In other words, in this embodiment a UWB system drives its antenna 
directly with a baseband signal. 

[006] Another important point common to UWB systems is that the individual pulses 
are very short in duration, typically much shorter than the interval corresponding to a 
single bit, which can offer advantages in resolving multipath components. We can 
represent a general UWB pulse train signal as a sum of pulses shifted in time, as shown 
in Equation 1 : 

[007] s(t)= J^a kP (t-t k ) (1) 

[008] Here s(t) is the UWB signal, p(f) is the basic pulse shape, and a k and t k are the 
amplitude and time offset for each individual pulse. Because of the short duration of the 
pulses, the spectrum of the UWB signal can be several gigahertz or more in bandwidth. 
An example of a typical pulse stream is shown in Fig. 1 . Here the pulse is a Gaussian 


Page 3 of 127 


XSI.067 

monopulse with a peak-to-peak time (T p _ p ) of a fraction of a nanosecond, a pulse period 
T p of several nanoseconds, and a bandwidth of several gigahertz. 

UWB Systems Limited to Low Power Spectral Density 

[009] UWB systems in general have extremely wide absolute bandwidth relative to 
most existing wireless systems. This bandwidth is a direct consequence of the use of 
sub-nanosecond pulses that leads to signal bandwidths of several gigahertz or more. 
Because these signals are also transmitted without translation to higher center 
frequencies, it is clear that these signals will occupy the same frequency bands that are 
already in use by many existing spectrum users. 

[010] Because of rulings by the FCC, future UWB systems will likely be limited to 
operations using extremely low power spectral density (as measured in dBm/MHz). 
Based on this fact, it is clear that even with a bandwidth of several gigahertz, UWB 
systems will also be limited to relatively low total transmit power. For example, a UWB 
system with 5 GHz of bandwidth might have a maximum total transmit power of only a 
small fraction of a milliwatt over the entire 5 GHz of bandwidth. 

Operation in the Power-limited Regime 

[011] The bandwidth efficiency of a digital modulation scheme that transmits B bits in 
T seconds {R bits/sec) using a bandwidth of W hertz is given by RIW=B/(WJ) bits/s/Hz. 
As we will see, the bandwidth efficiency of a UWB system is not important in the sense 
of how efficiently it uses spectrum, but rather the value of this ratio serves to distinguish 
UWB systems from more typical narrowband systems. Based on this ratio, RIW, digital 
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communications systems can be classified as operating in either the bandwidth-limited 
regime or the power-limited regime of the bandwidth-efficiency plane. This classification 
has fundamental implications for many of the important trade-offs that must be made in 
the design of efficient communications systems. 

[012] For future UWB systems, the RIW ratio will likely be very low for the system to 
have any useful range. For example, even for a relative high-rate wireless network (say 

J_ 

100 Mbps), the bandwidth efficiency of a UWB wireless network will be as low as 2Q or 

even i depending on the bandwidth W. The primary consequence of this low value for 
the ratio RIW \s that UWB systems will almost certainly operate well within the power- 
limited regime of the bandwidth-efficiency plane. 

The Critical Importance of Power Efficiency 

[013] The main result of UWB operation in the power-limited regime is that such 
systems will be very sensitive to design issues that affect the power efficiency of the 
system. For this reason, the analysis in the following sections will focus on the critical 
issues of power efficiency of the UWB modulation techniques, as well as the spectral 
effects of modulation that might also affect allowable transmit power levels. The 
implications of power-limited operation will also influence system-level trade-offs 
between range and data rate, as well as trade-offs between complexity and 
performance in the form of forward error-correction. 
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Multipath Robustness and Precision Ranging 

[014] One frequently mentioned benefit of ultra-wide bandwidth is a robustness to 
the effects of multipath interference. Multipath interference results when multiple time- 
displaced copies of a signal reach a receiver at the same time because of signal 
bounces in a cluttered environment. This robustness is a result of two distinct factors: 
(1) wide fractional bandwidth leads to less severe multipath fading, which is particularly 
important for low-power wireless systems; and (2) wide absolute bandwidth enables 
resolution of multipath components and constructive use of multipath. 

[015] The effect of reduced multipath fading can be partially understood from a 
frequency-domain perspective by realizing that the absolute signal bandwidth of the 
UWB signal is much greater than the coherence bandwidth of nearly any conceivable 
multipath channel. Any frequency-selective fades due to multipath will only affect a small 
portion of the signal power for any channel realization. Previous work provides empirical 
evidence that UWB signals experience a much lower variance in received signal power 
in the presence of multipath than do narrowband signals. 

[016] For UWB signals, robustness to multipath fading is result not just of the wide 
system bandwidth, however, but is also a result of the large ratio of system bandwidth to 
center frequency, i.e., the fractional bandwidth. A large fractional bandwidth means that 
there is a corresponding large variation in the mode and degree of RF energy 
interaction with the surrounding environment over the entire UWB bandwidth. 
Environmental interactions such as scattering, refraction and reflection depend on the 
wavelength of the RF signals, and so the large fractional bandwidth leads to relatively 
low correlation in the fading properties of the different regions of the UWB bandwidth. 
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Thus, the properties of UWB signals should lead to more robust multipath performance 
even than systems with equal bandwidth but much higher center frequencies (i.e. lower 
fractional bandwidths). A more detailed analysis of this effect is presented in a 
companion paper in this same issue. 

[017] The wide absolute bandwidth of UWB signals also provides fine time resolution 
that enables a receiver to resolve and combine individual multipath components, 
avoiding destructive interference. 

Analysis of UWB Modulation Choices 

[018] Under current FCC regulations, UWB transmit power is limited by the power 
spectral density (PSD) of the transmitted signal. Fig. 2 is a graph showing the power 
spectral density limits currently put in force by the FCC. 

[019] This limitation affects the selection of a UWB modulation scheme in two distinct 
ways. First, the modulation technique needs to be power efficient. In other words, the 
modulation needs to provide the best error performance for a given energy per bit. 
Second, the choice of a modulation scheme affects the structure of the PSD in the 
sense that it affects the distribution of signal power over different frequency bands. If a 
particular modulation scheme results in the concentration of signal power in narrow 
frequency ranges, it has the potential to impose additional constraints on the total 
transmit power in order to satisfy the PSD limitations. 

[020] As we compare different modulation schemes, we' therefore examine both the 
power efficiency and the effect of the modulation on the PSD. In the sections that follow, 
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we examine a number of modulation schemes that have been proposed for UWB, 
including several forms of pulse amplitude modulation (PAM), such as: positive pulse 
amplitude modulation (PPAM), on-off keying (OOK), and binary phase-shift keying 
(BPSK), as well as pulse-position modulation (PPM). 

Pulse Amplitude Modulation 

[021] As noted above, one general form of a UWB signal is a simple pulse train. 
Assuming that pulses are uniformly spaced in time (i.e. the k* 1 pulse occurs at time 
t = kT), then we can simplify Equation (1 ) to: 

[022] *W-2>*J*-* r ) (2) 

t=-oo 

[023] where T is the pulse-spacing interval. From this general form of PAM, we can 
analyze several specific modulation techniques by choosing the mapping from data bits 
to pulse weights (a k ) in different ways. These different techniques are illustrated in Figs. 
3A-3C, and are described in the following paragraphs. 

[024] Figs. 3A-3C are graphs showing exemplary pulse streams for OOK, PPAM, 
and BPSK modulation schemes, respectively. In each case, they show a data sequence 
"1 0 1 0." Figs. 4A-4C are constellation diagrams for the modulation schemes of Figs. 
3A-3C, respectively. As shown in Figs. 4A-4C, the constellation diagrams for OOK, 
PPAM, and BPSK are all one-dimensional, differing only in the symbol constellation's 
position relative to the origin. 
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On-Off Keying 

[025] As shown in Fig. 3A, OOK defines the data by the presence or absence of a 
pulse. A "1" is indicated by a pulse, and a "0" is indicated by the absence of a pulse. 
Thus, the bit stream "1 0 1 0" is indicated by the sequence of: a pulse, a blank where a 
pulse should be, a pulse, and another blank. 

[026] This embodiment has a k e {0,2}, i.e., data bits are transmitted by either the 
presence or absence of a pulse at time t = k. In the constellation diagram in Figure 4A, 
this results in symbol points at (0,0) and (2,0). 

Positive Pulse Amplitude Modulation 

[027] As shown in Fig. 3B, PPAM defines the data by the amplitude of the pulse. A 
"1" is indicated by a large pulse, and a "0" is indicated by a small pulse. Thus, the bit 
stream "1 0 1 0" is indicated by the sequence of: a large pulse, a small pulse, a large 
pulse, and a small pulse. 

[028] This embodiment uses strictly positive values for the two pulse weights, so that 
a k e {a 0 ,a,} where 0 < a 0 < ai. This corresponds to transmitting either a large or small 
amplitude pulse based on the value of the source bit. In the constellation diagram of 
Figure 4B this is shown as having signal points at (a 0 , 0) and (ai, 0). 

Binary Phase Shift Keying 

[029] As shown in Fig. 3C, BPSK defines the data by the polarity of the pulse. A "1 " 
is indicated by a non-inverted pulse, and a "0" is indicated by an inverted pulse. Thus, 
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the bit stream "1 0 1 0" is indicated by the sequence of: a non-inverted pulse, an 
inverted pulse, a non-inverted pulse, and an inverted pulse. 

[030] In this embodiment a k e 1} . This corresponds to transmitting either a non- 
inverted or an inverted pulse based on the value of the source bit. In the constellation 
diagram of Figure 4C this is shown as having signal points at (-1 , 0) and (1, 0). 

Pulse-Position Modulation 

[031] One other technique proposed for UWB pulse modulation, PPM, is 
fundamentally different from the PAM techniques described above because the pulses 
are not uniformly spaced in time. Rather, the source data bits are used to modulate the 
time position of the individual pulses instead of the pulse amplitudes. For example, 
binary PPM encodes the data bits in the pulse stream by advancing or delaying 
individual pulses in time relative to uniform reference positions. In this case, the 
equation for the UWB signal becomes 

[032] s(0=|>('-O=E/>Mr + a A /?) (3) 

[033] Here the data bits are mapped to the direction of the time shifts, a k , where 
a k € {-l,l}, and p is the amount of pulse advance or delay in time relative to the 
reference (unmodulated) position. When we consider the constellation diagram for 
binary PPM, we find that the plot is no longer one dimensional, as it is for the binary 
PAM techniques. For PPM, the presence of two pulse with different time offsets results 
in a two-dimensional constellation plot. To find the specific location of the symbol points 
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within the plot, however, we need to determine the correlation p between the two 
different symbols, the advanced and delayed pulses. 


f P {t-pr)p(t+pr)dt 
[034] ^ r m 7V, (4) 

J p(t)p(t)dt 


[035] Figs. 5A-5C are constellation diagrams for pulse position modulation schemes 
under various conditions for binary PPM based on the pulse shown in Fig. 1 . Fig. 5A 
shows as situation where the pulses are orthogonal (i.e., p = 0); Fig. 5B shows the 
situation where the pulses are not orthogonal and p > 0; and Fig. 5C shows the situation 
where the pulses are not orthogonal and p < 0. 

[036] For the non-orthogonal cases of binary PPM, the orthogonal basis function 
used to define the constellation plot can be found using Gram-Schmidt 
orthogonalization for the two non-orthogonal pulses. The constellation diagrams in Figs. 

5A-5C all have symbol points at (1 ,0) and [p,^\- p 2 ), and the two symbol points lie on 

the unit circle (when normalized to unit energy). 

[037] In the case where the two different locations of the pulse have no overlap in 
time, the correlation will clearly be (p * 0) and the binary PPM becomes orthogonal 
modulation. The constellation for this case is shown in Fig. 5A, where the symbol points 
are (1,0) and (0,1). Here the two orthogonal pulses have been used to create 
orthogonal basis vectors for the constellation plot. 

[038] When the two pulses overlap, the correlation p in general will not be zero, but 
will range between one and some minimum (possibly negative) value. 
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Comparison of Power Efficiency for Binary Modulation 

[039] We can use the constellation diagrams in Figs. 4A-4C and 5A-5C to compare 
the power efficiency of the various binary modulation techniques by computing the inter- 
symbol distance, d, as a function of average symbol energy, E.. For OOK, we have 

E = (° 2+< * 2 ) jS od = JlE s . For positive-valued PAM (PPAM) we see that d = (a, -a 0 ), 


soE s 2 


= [al + {d+aj) So | ving for d> we get d = [^2E s -a 2 0 - a 0 ). If we assume cc 0 > 0, 
2 

then we have d < JlE, , which is satisfied with equality when ao = 0 (i.e. when PPAM 
becomes OOK). For antipodal binary PAM (BPSK) we have E s = (|j , so d = 2y[F, . 

[040] For binary PPM, the inter-symbol distance depends on the correlation between 
the advanced and delayed pulses defined in Equation (4) and for the general case, 
d = ^2E s (l-p) • Here we see that if the value of p ranges between -1 and +1 , the 
distance can range between d = 0 and d = 2^ ■ The actual maximum and minimum 
values for p that determine this range of possible inter-symbol distances depend on the 
specific shape of the pulse p(t) and can be determined according to Equation (4) for 
different values of p. For the example Gaussian monopulse shown in Fig. 1, the value 
of p as defined in Equation (4) ranges from (+1) to approximately (-0.45) as p ranges 
from zero to several multiples of T p . 


Page 12 of 127 


XSI.067 

Tabl 1: Diff r nces B tween Modulation T chniqu s 


Modulation Class 

Specific Form 

Inter-symbol Distance 

Power Efficiency Relative 
tn Antinodal Sianalina 

Pulse-position 
Modulation 


d = JlK 

v 0 

-3 dB 

Non-orthogonal 

d = pE b {l-p) 

< 1.4 dB (variable) 

Amplitude 
Modulation 

Positive PAM 

d < pE„ 

< -3 dB ! 

OOK 

d = fiF b 

-3 dB 

Antipodal 

d = 2jE b 

OdB 


[041] These results show significant differences between the modulation techniques 
and are summarized in Table 1 . The orthogonal PPM and OOK techniques are equally 
efficient and the positive PAM system is less so, but becomes the same in the limit as 
the PAM becomes OOK. Non-orthogonal PPM has a power efficiency that depends on 
the symbol correlation p, but is still suboptimal. Antipodal signaling (BPSK) provides the 
greatest inter-symbol distance for a given average symbol energy. This difference 
provides at least a 3 dB advantage in efficiency relative to OOK, PPAM, or orthogonal 
PPM, and to achieve the same bit error rate (which is a function of distance) PPM or 
OOK must use double the bit energy, or 3 dB higher E b . 

Decomposition of Binary Modulation Techniques 

[042] For the binary PAM techniques depicted in Figs. 4A-4C, the constellation 
diagrams differ only in their position relative to the origin. It is a well-known result in 
communications theory that power efficiency depends on the mean of the symbol 
constellation - this is why the zero-mean property of the BPSK makes it superior in the 
ratio of inter-symbol distance to symbol energy. Another way to understand this 
difference is to decompose the weight sequence into a constant value sequence added 
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to a zero-mean random sequence: a k = u a + h- This sequence decomposition allows 
us to represent the UWB pulse train as the sum of an unmodulated component pulse 
train and an antipodal component pulse train: 

[043] s(t)= YMaPit-Wh t z *P( t - kT ) (5) 

[044] From this result we can easily see the source of the difference in power 
efficiency for the PAM techniques. The energy in the unmodulated component of the 
pulse train above does not contribute to communicating data between the transmitter 
and receiver, and is effectively wasted. Only the energy in the antipodal component 
contributes to the communications process. The greater the energy in the unmodulated 
component (Lb. the higher the mean n a for a give distance d) the poorer is the power 
efficiency of the modulation. BPSK is thus seen to be optimal for binary techniques 
since it has zero-mean and all of its energy is contained in the antipodal component of 
the pulse train. 

[045] For PPM, we can perform a similar, but more general, decomposition of the 
pulse train. Here we must use unmodulated and antipodal components that, unlike 
PAM, have different pulse shapes. We define two new pulses: 


[046] m 


{th AzMhA±El, and b{t)= pkzEhpkiM (6 ) 


[047] These pulses represent the unmodulated [m(f)] and antipodal [b{t)] pulse train 
components. We can use these two pulses to write the UWB pulse train as the sum of 
two separate component pulse trains: 
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s(t)=tMam(t-kThtz k b(t-kT) (7) 


[048] 

[049] Using this decomposition, we see that data bits are transmitted by sending 
either [m(t) + b(t)] or [m(t) - b(t)] at each time interval t = kT. The sign of the component 
m(t) is independent of the data value and is therefore not modulated. Two examples of 
this decomposition for binary PPM are shown in Figs. 6A and 6B for values of p that 
result in both overlapping and non-overlapping pulses. 

[050] Figs. 6A-6D are graphs showing component pulses for the decomposition of 
binary PPM into unmodulated and antipodal pulse trains. Fig. 6A shows the original 
pulses with p = 5T P ; Fig. 6B shows the original pulses with p = 1.5T P ; Fig. 6C shows the 
unmodulated component pulse [m(t)] and antipodal component pulse [b(t)] for p = 5T P ; 
and Fig. 6D shows the unmodulated component pulse [m(t)] and antipodal component 
pulse [b(t)] for p = 1.5T p . 

[051] As with the PAM cases above, we can see that the energy in the unmodulated 
component of the pulse train defined by m(t) is useless in the communication of 
information and leads to inefficient modulation. 

Spectral Effects of Modulation Techniques 

[052] Another important consideration in evaluating a UWB modulation technique is 
the effect of the modulation on the spectrum of the transmitted signal. As noted in an 
earlier section, UWB signals have been limited by the FCC by the peak of their PSD, so 
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that for best system performance signals should be designed to maximize transmit 
power for given limits on PSD levels. 

Spectral Analysis for PAM 

[053] To understand the effect of the modulation scheme on the UWB signal, we 
need to find the spectrum not of the isolated pulse, but of the modulated pulse train. If 
we assume that the modulating data are random, the transmitted pulse train is also a 
random signal and as such does not have a deterministic Fourier transform. However, 
we can still understand the effects of modulation on the spectral distribution of signal 
power by finding its expectation over the random source data sequences. This power 
spectral density (PSD) of the transmit signal, s(t), is the Fourier transform of the signal 
autocorrelation and is denoted by *.(/). Because the pulses in a PAM UWB signal are 
uniformly spaced as in Equation (2), we can derive a general form for the PSD of the 
PAM signals as follows: 


[054] 


[055] Here P(f ) is the Fourier transform of the basic pulse, p(t), and <D fl0 (f) is the 
PSD of the random data sequence, a k , which is hereafter assumed to be a wide-sense 
stationary random sequence. If we assume that the pulse weights a k correspond to the 
data bits to be transmitted and that the random data are independent and identically 
distributed (I ID), then the PSD can be determined as follows: 


.2 . f k \ 


[056] »-W-* + Tji\ f ~T) 


(9) 
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[057] where o\ and Ma are the variance and mean of the weight sequence and 8(f) 
is a unit impulse function. This PSD is periodic in the frequency domain with period 

f = I because it is the transform of the discrete auto-correlation sequence, 

j T 

E\a„+ k a n }. This PSD in Equation (9) has both a continuous portion and discrete 
spectral lines, corresponding to the first and second terms on the right-hand side. It is 
worth noting that the magnitude of the spectral lines depends on the mean of the 
weights, Ma ■ m light of the decomposition described above, we see that the energy in 
the unmodulated component of the pulse train is the energy in the spectral lines and the 
energy in the antipodal component is the energy of the continuous spectral component. 

[058] When we combine the results of Equations (8) and (9) we see that the 
resulting PSD of the transmitted signal is equivalent to the result of filtering a weighted 
impulse sequence through a filter with frequency response P(f): 


[059] 


" 3 - A " 


1 *=-« 


(10) 


[060] At this point we can again consider the different modulation techniques for 
PAM described earlier. The PSD for the OOK signal with pulse amplitudes weights 
a k e {0,2} is determined as follows: 


[061] 


o„, 0O ,(/)4ipm 2 v£ 


J J 


AH] 


(11) 
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[062] In this equation we see that OOK results in discrete spectral lines in the PSD 
of the UWB signal. The spectral lines are spaced at a frequency interval of / = j and 

each line has power proportional to P(f) evaluated at F = | . For OOK the total power in 

the spectral lines is equal to the power in the continuous component of the PSD, as 
shown above. A similar result is obtained for the positive-valued PAM signal, where we 

have a * = ( a o- a i) 2 and fi a = fel^i) . Substituting these values in Equation (8) the 


PSD becomes: 


[063] O SStPPAM {f)= y \ T \P[f) + 47* £fW 


V/-f) w 


[064] We see that, as with OOK, there are spectral lines present in the transmitted 
signal for positive-valued PAM and furthermore that the magnitude of the lines increases 
with the weight sequence mean. Note that PPAM spectrum becomes the same as the 
OOK spectrum when a 0 -> 0 . 

[065] The situation is very different for antipodal signaling, where a k e {- 1, + 1} , so 
that a 2 = 1 and /i fl = 0 . In this case, the PSD becomes simply: 


[066] 


o S5 ,„(/)4w 2 4i p w (13) 


[067] Here we see that the spectral lines vanish because of the zero mean of the 
weight sequence. Because the PSD for BPSK has no lines, the spectral distribution of 
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energy does not depend on the pulse interval T or the pulse-repetition frequency (PRF). 
Rather the presence of T in Equation (1 3) only shows that the total power of the transmit 
signal increases linearly at all frequencies with the PRF when pulse amplitude is 
constant. 

Spectral Analysis for PPM 

[068] The results of Equations (8) and (9) do not directly apply to the case of PPM 
because the pulses do not have uniform spacing in time. To find the PSD for PPM 
signals, however, we can use the decomposition technique described in Equation (7) 
above that allowed us to represent the PPM signal as the sum of two uniformly spaced 
pulse trains. From the definitions in Equation (6) it is clear that m(t) and b(t) are 
orthogonal regardless of the orthogonality of the shifted pulses p(t - p) and p(tp). Using 
this fact, we can find the PSD of the composite pulse train in Equation (7), the PSD of 
the binary PPM signal as follows: 


2 » 


[069] ® ss ,ppM(f) = ^r\ B (ff + jz t 5f\r J 


M 


[070] Where B(f) and M(f) are the Fourier transforms of the component pulses b(t) 
and m(t), respectively. As with the case of the PAM signals, it is clear that the energy 
that corresponded to the unmodulated pulse train in Equation (7) here translates to 
energy contained in spectral lines. Similarly, the energy in the antipodal portion of the 
signal translates to the energy of the continuous spectral component of Equation (14). 
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[071] One significant difference between the PAM and PPM spectra is that for PPM 
the envelope of the magnitudes of the spectral lines can be different from the shape of 
the continuous spectrum. 

[072] The continuous component of the PSD has a shape that depends on B(f), but 
the power distribution in the spectral lines depends on M(f). These spectral lines still 
have a frequency spacing of / = \, but the distribution of power in the lines can be 
significantly different. 

[073] In general, both the distribution of energy between the discrete and continuous 
components of the spectrum, as well as the distribution of spectral energy with respect 
to frequency, depend on the shape of the original pulse p(t) and the magnitude of the 
time shift, (5T. As with the PAM signals, we can conclude that from the viewpoint of the 
system designer it is desirable to minimize the energy in the spectral lines. For PPM this 
is done by minimizing the correlation value p, with the additional consideration that the 
shape of the component pulses m(t) and b(t) may result in less uniform distribution of 
energy in the spectrum. This could in turn lead to suboptimal designs for a PSD-limited 
system. 

SUMMARY OF THE INVENTION 

[074] Consistent with the title of this section, only a brief description of selected 
features of the present invention is now presented. A more complete description of the 
present invention is the subject of this entire document. 
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[075] An object of the present invention is to rapidly make a clear channel 
assessment to determine whether a signal is being transmitted over a given wireless 
channel or whether the channel is empty. 

[076] Another object of the present invention is to make a clear channel assessment 
without the need to decipher the phase of any signal present in the channel. 

[077] These and other objects are accomplished by way of a method of performing a 
clear channel assessment in a wireless network. This method comprises: listening for 
channel energy on a wireless channel; demodulating the channel energy into a non- 
synchronized in-phase component and a non-synchronized quadrature phase 
component; squaring the non-synchronized in-phase component; squaring the non- 
synchronized quadrature phase component; multiplying the non-synchronized in-phase 
component and the non-synchronized quadrature phase component to produce an l-Q 
product; subtracting the squared non-synchronized quadrature component from the 
squared non-synchronized in-phase component to produce a first intermediate value; 
doubling the l-Q product to produce a second intermediate value; adding the first 
intermediate value and the second intermediate value to produce a clear channel 
assessment input value; performing a carrier signal detection function on the clear 
channel assessment input value to produce a clear channel assessment output value; 
and using the clear channel assessment output value to determine whether a signal is 
present in the wireless channel. 

[078] The carrier signal detection function may be a fast Fourier transform function, a 
decimated fast Fourier transform function, or a band pass filtering function. 
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[079] The step of using the clear channel assessment output value to determine 
whether a signal is present in the wireless channel is preferably performed by 
determining if the clear channel assessment output value is greater than a set threshold 
value. 

[080] The step of listening for channel energy may further comprise: performing a 
variable gain amplification function on the channel energy before the channel energy is 
demodulated. 

[081] The method of performing a clear channel assessment in a wireless network 
may further comprise: performing an absolute value function on the clear channel 
assessment input value to produce a feedback signal. In this case the feedback signal 
is preferably used to control the variable gain amplification function. 

[082] The method of performing a clear channel assessment in a wireless network 
may further comprise: filtering any frequency components in the non-synchronized in- 
phase component above a low pass threshold before the step of squaring the non- 
synchronized in-phase component. 

[083] The method of performing a clear channel assessment in a wireless network 
may further comprise: filtering any frequency components in the non-synchronized 
quadrature phase component above a low pass threshold before the step of squaring 
the non-synchronized quadrature phase component. 

[084] The step of demodulating the channel energy may further comprise: 
generating a base oscillating signal having a base center frequency; mixing the channel 
energy with the base oscillating signal to obtain the non-synchronized in-phase 
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component; shifting the base oscillating signal in phase by 90 degrees to obtain a 
shifted oscillating signal; and mixing the channel energy with the shifted oscillating 
signal to obtain the non-synchronized quadrature phase component. 

[085] The step of demodulating the channel energy may further comprise: 
generating a base oscillating signal having a base center frequency; mixing the channel 
energy with the base oscillating signal to obtain the non-synchronized quadrature phase 
component; shifting the base oscillating signal in phase by 90 degrees to obtain a 
shifted oscillating signal; and mixing the channel energy with the shifted oscillating 
signal to obtain the non-synchronized in-phase component. 

[086] The base center frequency for one band is preferably between 3.1 and 5.1 
GHz and more preferably is 4.104 GHz. The base center frequency for another one 
band is preferably between 6 and 10.6 GHz and more preferably is 8.208 GHz. 

[087] A method is also provided for performing a clear channel assessment in a 
wireless network. The method comprises: listening for channel energy on a wireless 
channel; generating a first base oscillating signal having a base center frequency; 
generating a second base oscillating signal that is identical to the first base oscillating 
signals, but shifted in phase by 90 degrees; mixing the channel energy with the first 
base oscillating signal to obtain a non-synchronized in-phase component; mixing the 
channel energy with the second base oscillating signal to obtain the non-synchronized 
quadrature phase component; generating a first corrective oscillating signal having a 
corrective center frequency; generating a second corrective oscillating signal that is 
identical to the first corrective oscillating signals, but shifted in phase by 90 degrees; 
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mixing the non-synchronized in-phase component with the first corrective oscillating 
signal to obtain a corrected non-synchronized in-phase component; mixing the non- 
synchronized quadrature component with the second corrective oscillating signal to 
obtain a corrected non-synchronized quadrature component; squaring the corrected 
non-synchronized in-phase component; squaring the corrected non-synchronized 
quadrature phase component; multiplying the non-synchronized in-phase component 
and the non-synchronized quadrature phase component to produce an l-Q product; 
subtracting the squared non-synchronized quadrature component from the squared 
non-synchronized in-phase component to produce a first intermediate value; doubling 
the l-Q product to produce a second intermediate value; adding the first intermediate 
value and the second intermediate value to produce a clear channel assessment input 
value; performing a carrier signal detection function on the clear channel assessment 
input value to produce a clear channel assessment output value; and using the clear 
channel assessment output value to determine whether a signal is present in the 
wireless channel. 

[088] The l-Q product may be used to adjust the corrective center frequency. 

[089] The base center frequency for one band is preferably between 3.1 and 5.1 
GHz and more preferably is 4.104 GHz. The base center frequency for another one 
band is preferably between 6 and 10.6 GHz and more preferably is 8.208 GHz. 

[090] The corrective center frequency preferably varies between zero and 1 00 MHz. 

[091] The carrier signal detection function may be a fast Fourier transform function, a 
decimated fast Fourier transform function, or a band pass filtering function. 
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[092] The step of using the clear channel assessment output value to determine 
whether a signal is present in the wireless channel is preferably performed by 
determining if the clear channel assessment output value is greater than a set threshold 
value. 

[093] The step of listening for channel energy may further comprise: performing a 
variable gain amplification function on the channel energy before the channel energy is 
demodulated. 

[094] The method of performing a clear channel assessment in a wireless network 
may further comprise: performing an absolute value function on the clear channel 
assessment input value to produce a feedback signal. In this case the feedback signal 
is used to control the variable gain amplification function. 

[095] The method of performing a clear channel assessment in a wireless 
network may further comprise: filtering any frequency components in the non- 
synchronized in-phase component above a low pass threshold before the step of mixing 
the non-synchronized in-phase component with the first corrective oscillating signal. 

[096] The method of performing a clear channel assessment in a wireless 
network may further comprise: filtering any frequency components in the non- 
synchronized quadrature phase component above a low pass threshold before the step 
of mixing the non-synchronized in-phase component with the second corrective 
oscillating signal. 
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BRIEF DESCRIPTION OF THE DRAWINGS 

[097] A more complete appreciation of the invention and its many attendant 
advantages will be readily obtained as it becomes better understood with reference to 
the following detailed description when considered in connection with the accompanying 
drawings, in which: 

[098] Fig. 1 is a graph of a typical UWB pulse stream; 

[099] Fig. 2 is a graph showing the power spectral density limits currently put in force 
by the FCC; 

[0100] Figs. 3A and 3B are graphs showing exemplary pulse streams for on-off 
keying, positive pulse amplitude modulation, and binary phase-shift keying, respectively 
using monopulses, according to a preferred embodiment of the present invention; 

[0101] Figs. 4A-4C are constellation diagrams for the modulation schemes of Figs. 
3A-3C, respectively; 

[0102] Figs. 5A-5C are constellation diagrams for pulse position modulation schemes 
under various conditions for binary pulse position modulation schemes, based on the 
pulse shown in Fig. 1; 

[0103] Figs. 6A-6D are graphs showing component pulses for the decomposition of 
binary PPM into unmodulated and antipodal pulse trains; 

[0104] Fig. 7 is a timing diagram showing a one-pulse code word using monopulses 
according to a preferred embodiment of the present invention; 
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[0105] Fig. 8 is a timing diagram showing a five-pulse code word using monopulses, 
according to a preferred embodiment of the present invention; 

[0106] Fig. 9A is a graph of an oscillating signal used to form a pulse stream in a 
preferred embodiment of the present invention; 

[0107] Fig. 9B is a graph of an oscillating signal formed in a carrier waveform used to 
form a pulse stream in a preferred embodiment of the present invention; 

[0108] Fig. 9C is a graph of a consecutive series of the oscillating signals of Fig. 9B 
according to a preferred embodiment of the present invention; 

[0109] Figs. 10A-10C are graphs showing exemplary pulse streams for OOK, PPAM, 
and BPSK modulation schemes, respectively, using portions of an oscillating signal as 
pulses, according to preferred embodiments of the present invention; 

[0110] Fig. 11 is a timing diagram showing a five-pulse code word using a repeated 
oscillating signal pulse, according to a preferred embodiment of the present invention; 

[0111] Figs. 12A and 12B are timing diagrams showing a five-pulse code word using 
five ternary pulses, according to preferred embodiments of the present invention; 

[01 12] Fig. 1 5A and 1 5B are block diagrams of a transmitter and receiver pair 
according to preferred embodiments of the present invention; 

[01 13] Fig. 1 6A is a block diagram of the correlator of Figs. 1 5A and 1 5B having one 
arm according to a preferred embodiment of the present invention; 


Page 27 of 127 


XSI.067 

[0114] Fig. 16B is a block diagram of the correlator of Figs. 15A and 15B having two 
arms according to a preferred embodiment of the present invention; 

[01 1 5] Fig. 1 6C is a block diagram of the correlator of Figs. 1 5A and 1 5B having more 
than two arms according to a preferred embodiment of the present invention; 

[0116] Figs. 17Aand 17B are block diagram showing a UWB system using pseudo- 
random scrambling, according to preferred embodiments of the present invention; 

[0117] Fig. 18 is a block diagram of a data packet according to a preferred 
embodiment of the present invention; 

[0118] Figs. 19 and 20 are flow charts describing the operation of the transmitter and 
receiver, respectively, according to a preferred embodiment of the present invention; 

[0119] Figs. 21A and 21B are block diagrams showing circuits for performing a rapid 
clear channel assessment according to preferred embodiments of the present invention; 

[0120] Fig. 21 C is a flow chart of a rapid clear channel assessment method according 
to a preferred embodiment of the present invention; 

[0121] Figs. 22A-22C are block diagrams of a short preamble, a normal preamble, 
and a long preamble, respectively, according to preferred embodiments of the present 
invention; and 

[0122] Figs. 23A and 23B are graphs showing the output of the squarer elements in 
Figs. 21Aand 21B for three and seven term squaring, respectively, according to 
preferred embodiments of the present invention. 
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DETAILED DESCRIPTION OF THE PREFE RRED EMBODIMENTS 
[0123] Preferred embodiments of the present invention will now be described with 
reference to the drawings. Throughout the several views, like reference numerals 
designate identical or corresponding parts. 

Binary Systems 

[0124] As noted above with respect to Fig. 1 , in one embodiment of a UWB system, a 
series of pulses are sent across a transmission medium. In order to carry data, these 
UWB pulses need to have data encoded (i.e., modulated) into them. Then a receiver 
can look at the incoming pulses and decode the original data. As noted above with 
respect to Figs. 3A-3C and 6A-6D, a number of different approaches have been tried, 
including various PAM and PPM schemes. 

[0125] PPM shifts the position of individual pulses depending upon whether the pulse 
needs to represent a "1 " or a "0." As shown, for example, in Fig. 6A, in a simple PPM 
scheme a pulse is moved from a default position by a distance pT to the left if it 
represents a "0" and is moved from the default position by a distance pT to the right if it 
represents a "1." 

[0126] In this method, the pulses don't change, they just advance or delay in time, i.e. 
the position of these pulses is modulated in time. In fact, the pulses are generally 
identical, which makes it easier to generate them. In Fig. 6A the pulses all rise first and 
then fall. 


Page 29 of 127 


XSI.067 

[0127] As noted with respect to Fig. 3C, BPSK does not shift the position of the 
pulses, but rather inverts the pulses to pass data. As shown in the embodiment of Fig. 
3C, a pulse is unaltered if it represents a "0" and is inverted if it represents a "1 ." In 
either case the position of the pulse remains unchanged. 

[0128] In most cases, BPSK signals will be superior to PPM signals. One primary 
reason is how the two methods handle noise. When a signal gets sent from a 
transmitter to a receiver, it is subjected to a certain amount of noise. This noise rides on 
top of the data signal and can distort the signal. Some of the noise comes from going 
through the channel (i.e., the transmission medium). Additional noise comes from the 
receiver, which has to amplify a very small signal. Such an amplification process 
inherently introduces noise. 

[0129] The way to compare individual transmission schemes is to determine the 
maximum amount of noise allowable before the system exceeds a maximum error rate, 
In any transmission system some errors will occur, due to noise and other reasons. A 
given system will set a maximum allowable error rate, which it is designed to 
compensate for. Beyond this error rate, the system will not achieve a desired level of 
performance. An exemplary maximum error rate, often called a bit error rate (BER), is 
one error in a thousand, often described as having a BER of 10" . 

[0130] In the same noise environment, a PPM signal will require twice as much 
transmit power to achieve the same BER as a BPSK signal. Another way of saying this 
is that the BPSK signal is superior to the PPM signal by 3 dB (i.e., by a factor of two in 
power). In other words, for the same amount of power, the BPSK signal will tolerate 
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more noise than a PPM signal. And to tolerate the same amount of noise, the PPM 
signal would require more power than the BPSK signal. 

[0131] This analysis assumes Gaussian noise. If the noise were non-Gaussian, the 
benefits of a BPSK signal might vary (either higher or lower), or might remain the same. 

[0132] An alternate transmission scheme would be pulse amplitude modulation 
(PAM), which encodes data through the use of pulses with different amplitude, as 
described with respect to Fig. 3B. As shown in the embodiment of Fig. 3B, a small pulse 
is sent to represent a "0" and a large pulse is sent to represent a "1 Regardless, the 
pulses preferably remain a standard distance from each other. 

[0133] These are all binary systems, i.e., they encode data as a string of ones and 
zeroes. 

M-ary Systems 

[0134] The analysis in the Background of the Invention was restricted to binary 
modulation techniques appropriate for UWB signal generation. There are also a number 
of ways in which these binary techniques could be extended to larger symbol 
constellations. A few specific exemplary forms are discussed below. 

[0135] Such alternative transmission schemes may be called M-ary systems. In this 
case, M-ary simply means that there are M different choices for encoding data. A binary 
system is actually an M-ary system where (M = 2), i.e., a 2-ary system. Alternate 
systems could have M equal to four (4-ary), M equal to eight (8-ary), or any other 
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acceptable number. Powers of two are preferable for M since it makes implementation 
easier, but are not required. 

[0136] In an M-ary system, each pulse has M different ways that it can be sent to the 
receiver. For example an M-ary PAM system (called an MPAM system) would have M 
different pulse voltages that can be used. 

[0137] An analysis of M-PAM shows that higher order PAM modulation leads to less 
power efficiency. This is clearly seen by the reduced data rates versus range 
performance for the larger constellations. However, such a design might be more robust 
against multipath-induced inter-symbol interference (ISI) due to the longer symbol 
interval for a given data rate. 

[0138] The binary PPM technique can also be extended to M-ary orthogonal (or non- 
orthogonal) PPM by mapping b bits to a single pulse (or pulse train) and using 2 b 
different values for the pulse position. In general M-ary orthogonal signaling will provide 
better distance properties for higher dimensions, resulting in better power efficiency 
relative to binary PPM. M-ary PPM can be analyzed by extending the decomposition 
techniques describe earlier for the binary case. It is known that M-ary orthogonal 
constellation do have non-zero means and this technique would therefore still result in 
spectral lines and suboptimal power efficiency. 

[0139] The most promising extension of binary modulation is to map multiple data bits 
into bi-orthogonal sequences of bi-phase pulses. This system, called M-ary bi- 
orthogonal keying (MBOK) involves the mapping of b bits to a group of consecutive bi- 
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phase pulses. MBOK provides improved power efficiency relative to binary antipodal 
signaling, yet would still not generate spectral lines for white data. 

[0140] In addition, some of the transmission schemes set forth above could be 

M 

combined into a single M-ary system. An M-ary BPSK PPAM system could use — 

voltages, with the pulses being either non-inverted or inverted to achieve M possible 
results. Such a system can be referred to as simply M-PAM, e.g., 8-PAM or 4-PAM. The 
term M-PAM is generally limited to cases where M>2, since a 2-PAM system would be 
equivalent to a basic BPSK system. 

[0141] UWB systems preferably transmit at extremely small power levels, but at very 
wide bandwidths. Thus, although they generally have essentially as much bandwidth as 
they want, UWB systems must maintain very low power levels to be efficient. Therefore, 
it's desirable to choose a modulation scheme that is extremely power efficient. 

[0142] It turns out that M-PAM modulation is less power efficient than BPSK 
modulation, for example, consider an 8-PAM transmission scheme. Although it appears 
that such a scheme would be more efficient (after all, it's transmitting three times as 
much data in a similar transmission using BPSK), it turns out to be less power efficient 
than BPSK. The reason for this is that an M-PAM modulation scheme requires much 
higher power levels for many of its pulses. 

[0143] However, there are more power efficient alternatives for using a BPSK signal 
at a given frequency, (i.e., number of pulses per unit time) to send more data. 
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Increased Frequ ncy 

[0144] In one embodiment it is possible to simply increase the frequency of the 
transmitted pulses, (i.e., send more pulses per unit time), rather than use an M-PAM (or 
other) modulation scheme. This will be effective up to the maximum possible 
transmission frequency of the UWB signal, i.e., the fastest the system can send pulses. 

[0145] Therefore, the important questions are: how fast can you run the system clock; 
and how fast can you sent pulses? In many UWB systems the pulses are on the order 
of one nanosecond in width. In order to send one hundred megabits per second (MBPS) 
of data, the system must send one bit of data every ten nanoseconds 

[0146] Thus, for a transmission rate of 100 MBPS with each bit of data represented by 
a single pulse, the system need only send a single 1 ns pulse every 10 ns - a 
reasonable requirement. This can potentially allow for more pulses to be sent, thus 
increasing the rate of data transmission. However, this is limited by the size of the pulse 
and the minimum allowable distance between pulses. Once the pulses are so close that 
they are only that minimum distance from each other, the system can no longer 
increase the pulse transmission rate without having pulses collide. 

Code Word 

[0147] An alternative to sending data as individual pulses is to instead represent each 
bit by a series of pulses. This series of pulses can be called a code word. In a binary 
system, a set of BPSK pulses will preferably be chosen to represent a "0" and its 
inverse will preferably be chosen to represent a "1 ." 
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[0148] Individual pulses are then ordered together into code words to transfer data at 
a given data rate, with each code word corresponding to one or more bits of information 
to be transferred. The code words have a code word period T w , indicating the duration 
of an code word, and a related code word frequency F w . This may correspond to the 
data rate, though it does not have to. Figs. 7 and 8 show two examples of code words. 

[0149] Fig. 7 is a timing diagram showing a one-pulse code word using monopulses 
according to a preferred embodiment of the present invention. This simplest example 
has a code word that includes a single pulse. In this case the code word period T™ and 
the pulse period T p are the same (i.e., the pulses and the code words are transmitted at 
the same frequency). As shown in Fig. 7, the non-inverted pulse corresponds to a "V 
and the inverted pulse corresponds to a "0." This could be reversed for alternate 
embodiments. 

[0150] Fig. 8 is a timing diagram showing a five-pulse code word using monopulses 
according to a preferred embodiment of the present invention. This embodiment has a 
code word that includes five binary pulses. In this case the code word period T m is five 
times the pulse period T p (i.e., the code words are transmitted at one-fifth the frequency 
of the pulses). 

[0151] In other words: 

[0152] T cw = n*T p O 5 ) 

[0153] for an n-pulse code word. Thus, the pulse period T p and number of pulses n 
per code word determine the period of the code word T^. 
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[0154] As shown in Fig. 8, a particular orientation of the five pulses corresponds to a 
"1 ; and the inverse of this orientation corresponds to a "0." The particular choice of 
pulse orientation and arrangement within the code word is not critical, and can be varied 
as necessary. What is important is that the "1" and «0" code words are the inverse of 
each other. 

[0155] One preferred embodiment includes 13 analog pulses per code word, and sets 
the pulse frequency F p at 1.3GHz (770 ps pulse period T p ). This results in a code word 
frequency of 100MHz (10 ns code word period Tew), which corresponds to a data 
transfer rate of 100 Mbits of information per second. Another preferred embodiment 
includes 24 analog pulses per code word, and sets the pulse frequency F p at either 
1 .368 GHz or 2.736 GHz (731 ps or 365.5 ps pulse period T p ) for each of two bands 
used. (This is a multiple band approach, as will be described below.) This results in a 
code word frequency F w of 57 MHz or 114MHz (17.54 ns or 8.77 ns code word period 
Tew), depending upon the band. 

[0156] The various parameters of peak-to-peak pulse width T„, pulse period T p , 
pulse frequency F p , number of pulses per code word n, code word period U and code 
word frequency F„ can be varied as necessary to achieve the desired performance 
characteristics for the transceiver. For example, the embodiments disclosed in Figs. 7 
and 8 have the same code word period T w , despite the differing number of pulses n. 
This means that the transmission power for a given code word period Tow is used in a 
single pulse in the embodiment of Fig. 7, but is spread out over five pulses in the 
embodiment of Fig. 8. Alternate embodiments can obviously change these parameters 
as needed. 
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[01 57] Thus, in the embodiment of Fig. 7, when a transmitter passes a bit of data to a 
receiver, the transmitter sends the bit as a code word (i.e., a set series of pulses). As 
noted above, the bits are preferably represented by inverse code words such that the 
non-inverted code word represents a "1" and the inverted code word represents a "1 
However, in alternate embodiments this assignment of code word/inverse code word to 
"1" and "0" values can be reversed. 

[0158] In addition, Although Fig, 8 shows a code word having five pulses for the sake 
of simplicity, this number can be varied as needed. In fact, as noted above, 13 or 24 are 
preferred numbers of pulses per code word. Alternate embodiments can use any code 
word length that allows system requirements to be met. For example, as clock speeds 
increase, the number of pulses that can be sent in a givfen time will increase and longer 
code word lengths may be used. 

[0159] One advantage with using a code word is that you can spread out a required 
transmission power over multiple pulses. For a successful transmission, it's necessary 
to use a certain amount of energy to send each bit. If the bit is sent in a single pulse, 
that pulse has to include all of the required energy. This requires a larger pulse and 
increases the peak-to-average ratio of the signal (i.e., the entire waveform). However, if 
five pulses are used to send a single bit of data (as shown in the embodiment of Fig. 8), 
the energy can be spread out among five separate pulses. Thus, each individual pulse 
can be smaller and can have a lower peak-to-average ratio. 

[0160] However, using a multiple pulse code word to represent a bit will alter the 
spectrum of the transmitted signal. And given rules currently promulgated by the 
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Federal Communications Commission (FCC), UWB signals must meet certain power 
constraints. (See Fig. 2) 

[0161] As shown in Fig. 2, UWB signals must fall below a set power maximum for any 
given frequency. In other words, the energy of the UWB signal cannot exceed the set 
power maximum at any frequency. Therefore, it is necessary that the UWB signal fit 
within the power spectrum density requirements set forth in Fig. 2. 

[0162] For a UWB signal, the amount of energy sent in a transmission is equal to the 
area under its power spectrum density curve. For the best possible system 
performance, it's preferable that this area be maximized. In other words, it is desirable 
to have a signal whose properties fits under the restricted curve, but is arranged to have 
a maximum possible area. 

[0163] When a UWB system uses a sequence of pulses to send a bit of data, the 
power spectrum density ends up looking wavy, with numerous peaks and valleys. The 
exact waviness of the power spectrum density depends upon the particular sequence of 
pulses used. 

[0164] The peaks in the PSD curve can limit the transmission power by limiting the 
maximum total power transmitted. Since the power spectrum density cannot ever go 
above the power maximum set by the FCC, the maximum point of the power spectrum 
density curve can be no higher than the allowable power maximum. If there are too 
many peaks (and corresponding valleys) in the power spectrum density curve (or even 
just one big one), the overall area under the power spectrum density curve can be 
significantly reduced by the presence of one or more large valleys, indicating a lower 
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overall transmission power for the UWB signal. Thus, a smoother power spectrum 
density curve is preferable because that maximizes the area under the curve. 

[0165] As it turns out, the more regular the transmitted pulse pattern (i.e., the more 
predictable patterns are formed in the signal), the greater the number and size of the 
peaks and valleys in the curve. But if the transmitted pulses appear random (i.e., they 
have no discernable pattern of "1"s and "0"s), a smoother curve results. And since we 
want to get as much performance as we can from our assigned channel, it is desirable 
to use a signal that is smooth. This allows the signal to use a greater amount of power 
without violating the FCC's PSD constraints. 

Alternate Types of Pulses 

[0166] As noted above with respect to Fig. 1 , in one embodiment of a UWB system, 
pulses (or chips) are short duration pulses formed using a single basic pulse shape 
(e.g., a monopulse), with the interval between individual pulses being uniform or 
variable. However, in alternate embodiments pulses can be formed in different ways. 

[0167] In another preferred embodiment, portions of an oscillating carrier signal are 
used as pulses, e.g., three repetitions of the oscillating signal. These portions of the 
oscillating signal could be treated just as the pulses in Fig. 1 , i.e., adjusted in amplitude 
or phase as shown in Figs. 3A-3C. An example of a typical oscillating signal used to 
form a pulse stream in a preferred embodiment of the present invention is shown in Fig. 
9A. When these sorts of signals are used in a BPSK system, they can be referred to as 
n-cycle BPSK (e.g., the preferred embodiment of Fig. 9A is a three-cycle BPSK signal 
that uses three repetitions of a base oscillating signal). 
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[0168] As shown in Fig. 9A, the carrier frequency of the oscillating signal (i.e., 1/Tp.p) 
in this embodiment is three times the chipping rate. In other words, the frequency of the 
waveform of the oscillating signal is three times the frequency of the pulses used by the 
network. This allows the network to take advantage of second order statistics that are 
unique to BPSK systems/and will allow improved acquisition. 

[0169] Thus, although the embodiment of UWB using monopulses can be called a 
carrier-less radio system, it is also possible to use a carrier-based system in which 
segments of the carrier are used to form pulses. 

[0170] In particular, it means that it will be possible to recover the carrier frequency off 
of BPSK sidebands by squaring the signal. And since the chipping frequency and the 
carrier frequency are related to each other, when you get the carrier frequency, you can 
easily calculate the chipping frequency. 

[0171] In alternate embodiments, an oscillating signal could further modulated by a 
carrier signal having a lower frequency (e.g., 1/N). In this case, the carrier could serve 
to modulate a set of N repetitions of the oscillating signal. These N repetitions of the 
oscillating signal (modulated by the carrier) form a pulse. This is similar to the 
embodiment of Fig. 9A, with the addition of the carrier signal. 

[0172] Fig. 9B is a graph of an oscillating signal formed in a carrier waveform used to 
form a pulse stream in a preferred embodiment of the present invention. As shown in 
Fig, 9B, N is chosen to be three. In other words, three repetitions of the oscillating signal 
(modulated by the carrier) form a pulse. 
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[0173] Fig. 9C is a graph of a consecutive series of the oscillating signals of Fig. 9B 
according to a preferred embodiment of the present invention. This graph shows how 
the modulated pulses of this embodiment flow together in a stream to pass data. 

[0174] Figs. 10A-10C are graphs showing exemplary pulse streams for OOK, PPAM, 
and BPSK modulation schemes, respectively, using portions of an oscillating signal as 
pulses. In each case, they show a data sequence "1 0 1 0." 

[0175] As shown in Fig. 1 0A, OOK defines the data by the presence or absence of a 
pulse. AT is indicated by a pulse, and a "0" is indicated by the absence of a pulse. 
Thus, the bit stream "1 0 1 0" is indicated by the sequence of: a pulse, a blank where a 
pulse should be, a pulse, and another blank. This embodiment has a k e {0,2}, i.e., data 
bits are transmitted by either the presence or absence of a pulse at time t = 

[0176] As shown in Fig. 10B, PPAM defines the data by the amplitude of the pulse. A 
"1" is indicated by a large pulse, and a "0" is indicated by a small pulse. Thus, the bit 
stream "1 0 1 0" is indicated by the sequence of: a large pulse, a small pulse, a large 
pulse, and a small pulse. This embodiment uses strictly positive values for the two pulse 
weights, so that a k e {a 0 ,a,} where 0 < a 0 < a v 

[0177] As shown in Fig. 10C, BPSK defines the data by the polarity of the pulse. A T 
is indicated by a non-inverted pulse, and a "0" is indicated by an inverted pulse. Thus, 
the bit stream "1 0 1 0" is indicated by the sequence of: a non-inverted pulse, an 
inverted pulse, a non-inverted pulse, and an inverted pulse. In this embodiment 
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a k e {-l,+l}. This corresponds to transmitting either a non-inverted or an inverted pulse 
based on the value of the source bit. 

[0178] Of course, this sort of pulse can also be used to form code words. Fig. 11 is a 
timing diagram showing a five-pulse code word using repeated oscillating signal pulses, 
according to a preferred embodiment of the present invention. 

[0179] This embodiment has a code word that includes five binary pulses. In this case 
the code word period T M is five times the pulse period T p (i.e., the code words are 
transmitted at one-fifth the frequency of the pulses). 

[0180] In other words: 

[0181] Tcw = n*T p ( 16 ) 

[0182] for an n-pulse code word. Thus, the pulse period T p and number of pulses n 
per code word determine the period of the code word T w . 

[0183] As shown in Fig. 11 , a particular orientation of the five pulses corresponds to a 
"1 ,- and the inverse of this orientation corresponds to a "0." The particular choice of 
pulse orientation and arrangement within the code word is not critical, and can be varied 
as necessary. What is important is that the "1" and "0" code words are the inverse of 
each other. 

[0184] As noted above, although a five-pulse code word is shown for the sake of 
simplicity, 13-pulse or 24-pulse code words can be used in other preferred 
embodiments. In addition, in alternate embodiments, any suitable number of pulses can 
be used to form a code word. 
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[0185] In one preferred embodiment the oscillating signal is a Gaussian monopulse 
with a peak-to-peak time (T p . p ) of a fraction of a nanosecond, a pulse period T p of 
several nanoseconds, and a bandwidth of several gigahertz. 

[0186] In alternate embodiments, different values can be used for Tp. p and T p . And in 
embodiments in which more or fewer repetitions are used to designate a pulse, the 
relationship between T p . p and T p can also vary. 

Ternary Systems 

[0187] Although the embodiments above show the use of binary values (i.e., 1 and -1 ) 
for creating code words, it is also possible to use ternary values (i.e., 1 , 0, -1) to create 
the code words in alternate preferred embodiments. In this case, the code word will be 
made up not just of a series of non-inverted and inverted pulses, but rather a series of 
non-inverted pulses, inverted pulses, and zeroed pulses. The zeroed pulses are 
preferably the absence of either a non-inverted pulse or an inverted pulse. 

[01 88] Figs. 1 2A and 1 2B are timing diagrams showing a five-pulse code word using 
five ternary pulses, according to preferred embodiments of the present invention. Fig. 
12A shows an embodiment using waveforms made of monopulses. Fig. 12B shows an 
embodiment using portions of a continuous oscillating waveform as pulses. 

[0189] In each of these embodiments the code word period T w is five times the pulse 
period T p (i.e., the code words are transmitted at one-fifth the frequency of the pulses). 
In other words: 

[0190] Tcw = n*T p ( 17 ) 
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,0191, for an n-pulse code word. Thus, the pulse period T p and number of pulses n 
per code word determine the period of the code word T» 
[01921 As shown in Figs. 12Aand 12B. a particular orienfafion of the Ave pulses 
corresponds to a bft value of 1 / and the inverse of this orientation corresponds to a bi. 
value of "tr The particular choice of pulse orientation and arrangement within the coda 
wo rd is no. critical, and can be varied as necessary. What is important is that the "1" and 
■0" code words are the inverse of each other. 

,01931 However, unlike the embodiments shown above, these embodiments use 
ternary pulses toform a code word. In comparison to a binary pulse, each ternary pulse 
can have a value of 1, 0, or-1. When performing the inverse function on ternary pulses, 
a i - inverts to a "-1," a '-I' inverts to a 1 and a V remains a "O." 
[0,941 In the particular embodiments shown, the code word is defined by the five 
consecutive pulse values of 1 0 1 -1 -1 . and the inverse code word is defined by the 
five consecutive pulse values of -1 0 -1 1 1 . In the embodiment of Fig. 12A, these 
values are imposed on monopulses. In me embodiment of Fig. 12B, these values are 
imposed on segments of a continuous oscillating waveform. 
,0195, o.her.hanthefactthalthepulsevaluesaretemaryratherlhanbina^.tt.ey 
operate just as the code words described above with respect to Figs. 7, 8, and 11 . 
[0196, For example, although Figs. 12A and 12B each show a coda word having five 
pulses, this number can be varied as needed. Alternate embodiments can use any code 
word length that allows system requirements to be met. For example, as clock speeds 
increase, the number of puises that can be sen, in a given time will increase and longer 
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code word lengths may be used. In three preferred embodiments these oode words are 
12, 13, and 24 ternary pulses in length. 

[01.7, Also, aKhough the encoding in these embodiments is ternary, not binary, when 
mu ,»ip,e cyoies o, an osoiiiating signa, are used to form puises, this applied wii, still 
refer to those pulses as n-cycle BPSK pulses. 

Avoiding the UNII Band 

(0198, Although the FCC will freely allow transmissions that do no. violate the power 
spectra, density (PSD) limitations shown in Fig. 2, in some embodiments » Is desirable 
to avoid certain areas o, the bandwidth available for UWB transmissions. For example, 
in m ay be desirable to minimize overlap between UWB signals and the Unlicensed 
National Informal Infrastructure (UNI.) band, which occupies the portion of the radro 
spectrum from 5.15 GHz to 5.825 GHz. 

[01 99 , The UNII band is used by such devices as IEEE 802.11a devices, cordless 
telephones, HiperLAN2 devices, etc. By linking overiap with this band, a UWB system 
can both reduce the chance that I will interfere with devices that use the UNII band, and 
the chance thai those devices will interfere with transmissions by the UWB system. 

Notches 

,0200, One way to achieve this is by including a notch in the UWB transmission 
scheme, the notch operating to minimfce the amount of .he UWB signa, .ha. is 

according to a preferred embodiment of the present invention. 
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(02011 As shown in Fig. 13, the notch is placed within the UN.I band such that the 
UWB signal's spectrum falls on either side of the UNI. band. This can be achieved by 
having a UWB system, whose carrier frequency is centered in the UNI, band, and which 
has a notch a. the carrier frequency. In this way, an RF spectral notch will fall right in the 
UNII band. Most preferably, the notch is placed at a frequency slightly lower than the 
center of the UNII band to give maximum protection to the lower and central portions of 
the UNII band. This is because most of the UNII band devices operate in the lower or 
central portions of the band. The upper range of the UNII band is primarily used for 
outdoor point-to-point links. 

Multiple Bands 

10202] in addition, although UWB signals across a large spectrum can be formed as a 
single band, they can also be formed in two or mora bands. These separate bands each 
have a different power spectral density, and would be limited to a subset of the total 
available bandwidth. By choosing the proper center frequencies, widths, and locations 
for these multiple bands, the power spectra, density (PSD)forthe UWB system can be 
more easi,y manipu,ated. For example, certain portions of .he avai,ab,e bandwidth can 
be avoided, or simply used with different PSD parameters than other portions. 
,02031 Each different overiapping devica could then use a separate band. Although 
the transmissions of the overiapping devices would be sent within the same physical 
area, the interference each would experience with respect to each other would be 
limited by the separation of the two bands. 
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[0204] Fig. 14 is a graph of a UWB transmission scheme using two bands according 
to a preferred embodiment of the present invention. As shown in Fig. 14, the high band 
has a center frequency of 8.208 GHz with a 3 dB bandwidth of 2.736 GHz, and the iow 
band has a center frequency of 4.104 GHz with a 3 dB bandwidth of 1 .368 GHz. 

[0205] The high band in Fig. 14 preferably uses pulses that are made up of three 
iterations of an oscillating signal (e.g., a signal from a sine wave generator) having a 
frequency of 8.208 GHz (which can be called the high carrier frequency). Similarly, the 
low band preferably uses pulses that are made up of three iterations of an oscillating 
signal (e.g., a signal from a sine wave generator) having a frequency of 4.104 GHz 
(which can be called the low carrier frequency). 

[0206] By choosing the frequency and placement of each band as they are, the UWB 
system is set such that both the low band has a -3 dB point at 4.788 GHz, and the high 
band has a -3 dB point at 6.840 GHz. This gives a gap of 2.052 GHz between the two 
-3 dB points, just about in the middle of the UNII band. In this way, interference is 
minimized between the UWB transmissions and any transmissions being made by other 
devices in the UNII band. 

[0207] By having the high and low bands located where they are and of the width they 
are. the UWB transmission system shown in Fig.14 limits its interference with any other 
signals being transmitted in the UNII band, while also providing two separate 
transmission paths. 
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l0 208] Alternate embodiments, however, could use a different number of bands, 
pl ace the bands differently, and could use different types of oscillating signals to form 
pulses. 

Scaling Up Transmission Rate 

[02091 In addition, one constant pressure in any transmission scheme. UWB included, 
is the desire to scale the transmission rate upward, (i.e., send more data bfe faster). For 
example, instead of sending a hundred megabits, we want to send hundreds of 
megabits. 

[0210] There are several ways that the data rate can be sped up. One way is to send 
more pulses through within the same period of time. This would involve either reducing 
the width of the individual pulses or reducing the spacing between adjacent pulses. 

[0211] Another way is to use a smaller code word. As you drop pulses off of the code 
word, the code word takes less time to transmit and thus allows more to be sent in a 
given time. 

[0212] Yet another alternative is to use multiple code words to represent more than 
just a binary bit of data. Rather than just using a code word and its inverse, you could 
use multiple different code words, each representing a different combination of multiple 
bits. For example, if the code word is five pulses long, there are thirty-two different ways 
that inverted and non-inverted pulses can be combined to form a code word. Counting 
for the fact that half of these will be the inverse of others, this allows for sixteen possible 
code words. This potentially allows up to five bits of data to be sent in the time it takes 
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for five pulses to be sent. The receiver can determine which bits of data have been sent 
by determining which combination of inverted and non-inverted pulses have been 
received as the code word. 

[0213] More generally, this system allows for log 2 (C) bits to be sent, where C is the 
number of code words used. In the example above, if all 32 code words were used, then 
log 2 (32), or 5 bits could be sent. 

[0214] However, there are some increased implementation costs with increasing the 
number of different code words used. Because each receiver has to look for each of the 
multiple code words used rather than just one, they must each include additional 
circuitry to do so. 

System for M-ary Bi-orthogonal Keying 

[021 5] Figs. 1 5A and 1 5B are block diagrams of transmitter and receiver pairs 
according to preferred embodiments of the present invention. The transmitter and 
receiver pair 1 500a in Fig. 1 5A is used to produce binary code words. The transmitter 
and receiver pair 1500b in Fig. 15B is used to produce ternary code words. 

[0216] As shown in Fig. 1 5A, the transmitter receiver pair 1 500a includes a transmitter 
1510a and a receiver 1520. The transmitter 1510 includes a lookup table 1530, a pulse 
forming network (PFN) 1535a, an adder 1540, and a transmitting antenna 1545. The 
receiver 1520 includes a receiving antenna 1550, a front end 1555, and a correlator 
1560. As shown in Fig. 15B, the transmitter receiver pair 1500b includes a transmitter 
1510b and a receiver 1520. The transmitter 1510 includes a lookup table 1530, a pulse 
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forming network (PFN) 1535b, an adder 1540, and a transmitting antenna 1545. The 
receiver 1520 includes a receiving antenna 1550, a front end 1555, and a correlator 
1 560. These two operate in the same manner except for the operation of the PFN 
1535a, 1535b in each transmitter 1510a, 1510b. 

Transmitter 

[0217] The lookup table 1 530 receives a bit stream, breaks the bit stream up into n-bit 
groups, and determines the proper code word associated with that particular n-bit group. 
It then sequentially outputs a series of Ts and V corresponding to the proper code 
word, in this embodiment n can be any integer greater than 0. Although this preferred 
embodiment uses a lookup table 1 530,alfemate embodiments could use other circuitry 
to perform this same function. 

[0218] in the transmitter 1510a or Fig. 15A, the PFN 1535a receives the string of Ts 
and -0-s that define the code word from the lookup table 1 530 and outputs either a non- 
inverted or an inverted pulse in response to each input value. In the preferred 
embodiment, the PFN 1535a receives a clock signal CLK and a code word as inputs, 
and has non-inverted and inverted outputs. Whenever .he clock CLK cycles, the PFN 
1 535 outputs either a non-inverted pulse at the non-inverted output, or an inverted pulse 
at the inverted output, depending upon the value of the individual portions of the code 
word. 

[0219] in the transmitter 1510b or Fig. 15B, the PFN 1535b receives the string of Ts, 
■0-s, and --1-s that define the code word from the lookup table 1530 and outputs either 
a non-inverted pulse, a zeroed pulse, or an inverted pulse in response to each input 
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value. In the preferred embodiment, the PFN 1535b receives a clock signal CLK and a 
code word as inputs, and has non-inverted, zeroed, and inverted outputs. Whenever the 
clock CLK cycles, the PFN 1535 outputs either a non-inverted pulse at the non-inverted 
output, a zeroed pulse at the zeroed output, or an inverted pulse at the inverted output, 
depending upon the value of the individual portions of the code word. 

[0220] The pulses output from the PFN 1 535a, 1 535b can be any variety of pulses. In 
one preferred embodiment, the pulses are individual monopulses. In another preferred 
embodiment, the pulses are sections from an oscillating signal. Alternate embodiments 
could use other pulses, if desired, however. 

[0221] The adder 1 540 then adds together the inverting and non-inverting outputs 
(and zeroed output, if any), only one of which should be active at a time, to provide a 
single output pulse. In the transmitter 1510a of Fig. 15A, this output pulse will be either 
a positive (non-inverting) pulse or a negative (inverted) pulse, depending upon the value 
of the current portion of the code word when the clock CLK cycles. In the transmitter 
1510b of Fig. 15B, this output pulse will be either a positive (non-inverting) pulse, a 
zeroed pulse, or a negative (inverted) pulse, depending upon the value of the current 
portion of the code word when the clock CLK cycles. 

[0222] Alternate embodiments of the PFN 1 535 could have a single output that 
outputs either a non-inverted or inverted pulse (or a non-inverted, zeroed, or inverted 
pulse) depending upon the value of the current portion of the code word. In such 
embodiments there is no need for the adder 1540. 
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[0223] The output of the adder 1 540 is then sent to the transmitting antenna 1 545, 
which transmits the pulses to the receiver 1520. 


Receiver 

[0224] The receiving antenna 1 550 receives the pulses in a signal sent by the 
transmitting antenna 1545 in the transmitter 1510. 

[0225] The front end 1 555 preferably performs necessary operations on the received 
signal to better allow the remainder of the receiver 1 520 to properly process it. This can 
include performing filtering and amplifying the signal. 

[0226] The correlator 1 560 receives a code word from the front end, determine what 
n-bit group corresponds to that code word (or inverse code word) and outputs the 
corresponding n-bit group. The correlator 1 560 will have to have as many different 
branches (called arms or fingers) to look for code words as there are individual code 
words. 

Single Code Word 

[0227] In its simplest implementation, a single code word can be used to send a bit 
stream from the transmitter 1 51 0 to the receiver 1 520 one bit of data at a time. The 
transmitter 1 51 0 takes the bit stream, separates the stream into individual bits, chooses 
a code word/code word inverse based on the bit to be transmitted, and then sends the 
chosen code word/inverse to the receiver 1 520. 
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[0228] The correlator 1 560 in the receiver 1 520 then needs to check each incoming 
n-bits to see if they correspond to the code word or its inverse. Since the correlator 1 560 
needs to look for only one code word, it needs only one arm (i.e., only one set of 
circuitry devoted to correlating a code word). 

[0229] Fig. 1 6A is a block diagram of the correlator of Figs. 1 5A and 1 5B having one 
arm according to a preferred embodiment of the present invention. As shown in Fig. 
16A, the correlator 1560 includes a mixer 1610, an integrator 1615, and a decision 
circuit 1620. The mixer 1610 receives the incoming signal and the code word. It mixes 
the code word CW and a portion of the incoming signal equal in length to the code word 
and outputs the result to the integrator 1615. 

[0230] The integrator 1615 integrates the output of the mixer 1610 over the length of 
the code word to produce a correlation result. This correlation result will be a large 
number if the code word is matched or a large negative number if the inverse of the 
code word is matched. By examining the correlation result, the decision circuit 1620 
determines what data bit the code word corresponds to (i.e., a "1" or a "0"), and outputs 
that data bit to other circuitry in the receiver 1520. 

[0231] The single input stage (i.e., the mixer 1610) on the correlator 1560 
corresponds to the correlators 1560 one arm. 

Multiple Code Words 

[0232] However, as noted above, multiple code words can be used to send multiple 
bits at the same time. For example, to send two data bits at a time, two different code 
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words should be used. Each code word then represents two bits of data. In this case, if 
the bit stream to be transmitted were 0111001101001001, the transmitter would break it 
up into two bit sections as so: 

(01)(11)(00)(11)(01)(00)(10)(01). 

[0233] These two bits each represent four different choices, which correspond to the 
two code words and their inverses. One way this can be implemented is to have the first 
bit determine which code word will be used, and have the second bit determine whether 
the chosen code word or its inverse should be used. This exemplary implementation is 
shown in Table 2. 

Table 2: Choice of Code Words by Bit Sequence 


Bit Sequence 

Code word 

00 

First code word ; 

11 

Inverse of first code word 

01 

Second code word 

10 

Inverse of second code word 


[0234] The transmitter 1510 takes the bit stream to be sent to the receiver 1 520, 
separates the stream into 2-bit sections, chooses a code word/code word inverse based 
on the two bits to be sent, and sends the chosen code word/inverse to the receiver 
1520. 

[0235] The correlator 1 560 in the receiver 1 520 then needs to check each incoming 
n-bits to see if they correspond to the first or second code word or their inverses. Since 
the correlator 1560 needs to look for two code words, it needs two arms (i.e., two sets o 
circuitry devoted to correlating a code word). 
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[0236] Fig. 1 6B is a block diagram of the correlator of Figs. 1 5A and 1 5B having two 
arms according to a preferred embodiment of the present invention. As shown in Fig. 
16B, the correlator 1560 includes first and second mixers 1610i and 1610 2 , first and 
second integrators 1615i and 161 5 2 , and a decision circuit 1620. The mixers 1610i and 
I6IO2 each receive the incoming signal and one of the two code words CW1 or CW 2 . 
Each mixer 1610i, 1610 2 mixes the respective code word and a portion of the incoming 
signal equal in length to the code words and outputs the result to the first and second 
integrators 1615i and 1615 2 , respectively. 

[0237] The first and second integrators 1 61 5i and 1 61 5 2 integrate the output of each 
of the mixers 1610i and 1610 2 over the length of the code word to produce first and 
second correlation results, respectively. Each correlation result will be a large number if 
the code word is matched, a large negative number if the inverse of the code word is 
matched, or a lower value if neither the code word nor its inverse is matched. 

[0238] By examining the first and second correlation results, the decision circuit 1 620 
determines what two data bits the code word corresponds to (i.e., "00," "01," "10," or 
"11"), and outputs those two data bits to other circuitry in the receiver 1520. This 
examination can be performed, for example, by setting a threshold for correlation 
values, above which a correlation is considered successful, by comparing all of the 
correlation values and picking the largest result as a successful correlation, or a 
combination of the two. 

[0239] The double input stage (i.e., mixers 1 61 0i and 1 61 0 2 ) on the correlator 1 560 
corresponds to the two arms of the correlator 1 560. 
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[0240] This can be extended beyond the use of two codes. In its general form, a 
system that sends b bits of data must use a minimum of (k = 2 (b " 1) ) code words. As the 
number of code words is increased, however, the receiver still remains relatively simple, 
merely requiring k arms on its correlator 1560. The receiver 1520 still does not have to 
look for individual pulses but instead looks for the k different code words in n-pulse 
increments. 

[0241] The transmitter 1 51 0 takes the bit stream to be sent to the receiver 1 520, 
separates the stream into n-bit sections (where n is greater than 2), chooses a code 
word/code word inverse based on the n bits to be sent, and sends the chosen code 
word/inverse to the receiver 1 520. 

[0242] The correlator 1 560 in the receiver 1 520 then needs to check each incoming 
n-bits to see which of the first through k m code words (or inverses) they correspond to. 
Since the correlator 1 560 needs to look for k code words, it needs k arms (i.e., k sets of 
circuitry devoted to correlating a code word). 

[0243] Fig. 1 6C is a block diagram of the correlator of Figs. 1 5A and 1 5B having more 
than two arms according to a preferred embodiment of the present invention. As shown 
in Fig. 16C, the correlator 1 560 includes first through k m mixers 1610i to 1610 k , first 
through k 01 integrators 1615! to 1615 k , and a decision circuit 1620. The mixers 1610i to 
1610 k each receive the incoming signal and one of the k code words C\N^ to CW k . Each 
mixer 1610i, 1610 k mixes the respective code word and a portion of the incoming 
signal equal in length to the code words and outputs the result to the first through k th 
integrators 1615i to 1615 k , respectively. 
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[0244] The first through k* integrators 1 61 5i and 1 61 5 k integrate the output of each of 
the mixers 1610i to 1610 k over the length of the code word to produce first through k* 1 
correlation results, respectively. Each correlation result will be a large number if the 
respective code word is matched, a large negative number if the inverse of the 
respective code word is matched, or a lower value if neither the respective code word 
nor its inverse is matched. 

[0245] By examining the first through k m correlation results, the decision circuit 1 620 
determines what b data bits the code word corresponds to, and outputs those b data 
bits to other circuitry in the receiver 1 520. This examination can be performed, for 
example, by setting a threshold for correlation values, above which a correlation is 
considered successful, by comparing all of the correlation values and picking the largest 
result as a successful correlation, or a combination of the two. 

[0246] The multiple input stage (i.e., mixers 161 0^ through 1 61 0 k ) on the correlator 
1 560 corresponds to the k arms of the correlator 1 560. 

[0247] In each embodiment the correlator 1 560 preferably looks for the code words 
rather than individual pulses. If the correlator 1 560 looked for each individual pulse, it 
would have to make a lot more decisions, since it would check a larger number of 
individual pulses. The complexity of the system can be significantly reduced by having 
the correlator 1560 look instead for a long sequence of pulses. 

[0248] When multiple code words are used, the choice of how the code words are 
formed becomes important. Although for any given code word size n, there are 2 (n " 1) 
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possible code words to choose from, it turns out that some code words are better than 
others. One reason for this is the operation of the correlator 1560 in the receiver 1520. 

[0249] When multiple code words are used, the correlator 1 560 has multiple arms 
(i.e., multiple mixers 1610i to 1610 k ). The decision circuit 1620 has to take the first 
through k" 1 correlation results from these mixers 1610! to 1610 k and compare them to 
determine which code word (or inverse) was received. By choosing code words that are 
orthogonal to each other, the function performed by the decision circuit 1620 can be 
greatly simplified. 

[0250] As noted above, when a particular code word (or its inverse) sent from the 
transmitter 1510 is received by the i ft mixer 1610j and is mixed with the respective code 
word CWj, the i m mixer 1610 s will output a large positive number if the received code 
word matches the i* 1 code word, and will output a large negative number if the received 
code word matches the inverse of the i th code word. 

[0251] If the code words are not orthogonal to each other, then if the received code 
word does not match the i th code word CWj, the i m mixer will output a non-zero value 
somewhere between the large negative number and the large positive number. 
However, if the code words are orthogonal to each other, then if the received code word 
does not match the i th code word CWj, the i m mixer will output a value of zero. 

[0252] One way the decision circuit 1 620 can decide which correlation value is the 
correct one (i.e., which indicates the proper code word) is that it examines all of the 
outputs of the receiver mixers 1610i to 1610 k and looks for the one that has the largest 
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absolute value. Ideally, the other receiver multipliers should have an output close to 


zero. 


[0253] This indicates which of the code words has been received, but not whether it 
was inverted or not inverted. For this the decision circuit 1620 looks at the sign of the 
chosen correlation value. If it is positive, then the non-inverted code word has been 
received; if it is negative, then the inverted code word has been received. 

[0254] By using orthogonal code words, the system allows the receiver to make a 
much easier comparison of correlation values, since when the code words are 
orthogonal, one correlation value will be a large positive or negative number (i.e., the 
one corresponding the received code word), and all of the other correlation values will 
be zero (or close to zero, accounting for the presence of noise in the system). Thus, 
when the absolute value of the output of the correlator corresponding to the received 
code word is at a maximum, the output of the other correlators will be zero. 

[0255] Thankfully, orthogonal code sets are not difficult to find. For example, if you 
have a code word of twelve pulses, (i.e., a length twelve code word), you would have 
2 12 or 4096 possible code words. From this set of 4096 possible code words there is at 
least one set of twelve codes that are mutually orthogonal, as shown in Table 3. Other 
orthogonal subsets also exist. 
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Table 3: Orthogonal Cod Word 
Set for Length 12 Code Word 


Code 
Word 

Bo 

Bi 

B 2 

B 3 

B 4 

B 5 

B 6 

I 

B 7 

B 8 

B 9 

Bio 

Bn 
— - 

1 

-1 

1 

1 

1 

1 

1 

" 1 

' 1 

" 1 

— 1 — 

1 

- JL — 

2 

-1 

- 1 

-1 

-' 

1 


1 

1 

1 

— — 

I 


3 

-1 

-1 

-1 

" 1 

1 

1 

" 1 

" 1 

1 

— 

A 

-1 



4 

-1 

-1 

-1 

1 

■ 1 

1 

1 

1 

" 1 


A 
-1 


! 5 

-1 

-1 

1 

" 1 

1 

-1 

1 

1 


1 

A 
1 


6 


• 1 

1 

1 

" 1 

1 

" 1 

— !— 

- 


A 
1 


7 






-1 





-1 

_A 

8 






1 





1 


9 






-1 





1 


10 






-1 





-1 


I 11 






-1 





-1 


12 






1 





-1 



[0256] Tables 4A-4D show examples of sets of orthogonal 24-bit code words for up to 
four overlapping networks. Table 4A shows the code words used for the first network; 
Table 4B shows the code words used for the second network; Table 4C shows the code 
words used for the third network; and Table 4D shows the code words used for the 
fourth network. 


Table 4A: Orthogonal Code Word 
Set for Length 24 Code Word - Network #1 


Code Word 

Associated 24-bit pattern 

0000 

-11-1-11-1-11-10-10-1-1111-1111-1 -1 -1 

0001 

0 -1 -1 0 1 -1 -1 1 -1 -1 1 1 1 1 -1 -1 1 -1 1 " 1 1 1 1 1 

0010 

-1 -1 -1 -1 1 -1 1 -1 1 -1 -1 1 -1 -1 1 -1 -1 1 1 o -1 0 1 1 

0011 

0-1111-1-1-1 -1 -1-1-11-11-101-111 -1 -1 1 

0100 

-1 0 1 -1 -1 -1 1 1 0 1 1 1 1 -1 1 -1 1 1 1 -1 1 -1 " 1 1 

0101 

-1 0 -1 1 -1 1 -1 -1 0 1 1 1 1 -1 1 1 -1 -1 -1 1 1 -1 1 1 

0110 

_-| .1 -1 -1 -1 1 1 1 0 -1 -1 1 1 -1 1 -1 1 -1 1 1 -1 0 1 

0111 

-11-1-1-11-1-10-11-1-11-101111 -1 -1 -1 1 
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C deWord 

0000 


0010 


Tabl 4B: Orthogonal Code Word 
Set for Leng th 24 Code Word - Network #2 
A ss ciated 24-bit pattern 

TTToTiTTTTT^ 


TTTTTTTXXTTT-I i i -1 1 1 1 -1 1 -1 o-i_± 



Code Word 


Table 4C: Orthogonal Code Word 
Set for Length 24 Code Word - Network #3 
Associated 24-bit pattern 


0100 


0101 


0110 


■ n n i 1 1-1-110-1-1-1-11111 


^1101- TTTTToT^jjM 1-111-1-11 


-^TT7TTT7Tmo-iii-iii-i±±111 


-110-11-11-1 


.1 -11-1-101 -1 -1 1 1 1 1 -1 -1 - 1 



Code Word 

0000 
0001 


0011 


0100 


0101 


Table 4D: Orthogonal Code Word 
Set for Leng th 24 Code Word - Network #4 

Associated 24-bit pattern 

-fTTiTTi T^jTTjj i~ 1-111-10 


7.1 11-1-11 o^vmjmjl±1^^ 


■ 1 1 1 1 1 i 3j .injT ^TTT^I -11-10-1111 


XT^T^^^^ 1-1-1111111 




[02 57] Furthermore, since the system uses not only the chosen orthogonal code 
words, but also their inverses, there are actually twice as many possible codes to 
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choose from. (Hence the term "bi-orthogonal.") In the example above where twelve 
code words were chosen, there will actually be twenty-four possible codes - twelve 
code words and their inverses. 

[0258] Thus, if you use a length twelve code word and pick eight of the above twelve 
orthogonal code words (sixteen total possible values, counting inverses), you can send 
four bits of data at a time. (16 = 2 4 ) 

[0259] Stated more generally, if b is the number of data bits you want to send, you 
need to find a group of 2 (b " 1) mutually orthogonal code words. Adding their inverses, this 
will give you 2 b total codes, which is sufficient to send b bits of data. 

[0260] In alternate embodiments you could design an orthogonal system that doesn't 
use inverses. However, then you would need 2 b mutually orthogonal codes to send b 
bits of data, instead of 2 (b " 1) mutually orthogonal codes. Thus, you would need twice as 
many codes if you don't use their inverses. 

[0261] In contrast, by using the inverses you can use half as many codes because of 
the inverses make up the other half. Using inverses also gives slightly better 
performance and the potential for having no spectral lines. 

[0262] Within the set of possible code words (2 P combinations of pulses, where p is 
the number of pulses in the code word), there will be numerous different subsets that 
are mutually orthogonal. Any of these subsets can be used, provided they have enough 
elements to pass the required number of data bits. Not surprisingly, the larger the 
number of pulses in the code word and the smaller the number of data bits sent, the 
easier it will be to find a useful subset of mutually orthogonal codes. 
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[0263] In alternate embodiments it is also possible to use code sets that are nearly 
orthogonal. Neariy orthogonal refers to code word sets in which the correlation between 
different code words from the set gives results that are greater than zero, but are 
smaller than an acceptable threshold. 

[0264] This threshold can be determined based on the ability of the correlator to 
differentiate between a correct code word correlation and an incorrect code word 
correlation. One possible threshold is a random correlation threshold, which 
corresponds to the expected correlation value that random noise would give. In other 
words, using this threshold, a set of codes would be considered nearly orthogonal if the 
correlation between all combinations of different code words in the set give results that 
are better than the expected correlation between any of the code words and a set of 
random bits equal in length to the code word. However, alternate embodiments could 
use a different threshold. 

[0265] By allowing the use of nearly orthogonal code sets for the code words, the 
system greatly increases the available choices for code word sets. 

[0266] Thus, by using multiple code words, it is possible to send data at a greater 
speed without sending individual pulses any quicker. For example, if four code words 
are used (allowing three data bits to be sent at a time), a system that would operated at 
100 MBPS with one code word could operate at 300 MBPS without significantly 
increasing the complexity of the transmission circuitry at all. The price that will have to 
be paid is to put multiple arms into the correlators in each receiver to look for all these 
code words at the same time. 
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[0267] In a current preferred embodiment 2-BOK, 4-BOK, and 8-BOK 
implementations are used with length 24 codes, and a 64-BOK implementation is used 
with a length 32 code. 

Additional Advantages of Having Multiple Correlators 

[0268] One added advantage of using more than one arm in the correlator 1 560 (as 
shown for example, in Figs, 1 6B and 1 6C) is that other functions of the receiver 1 520, 
1720 can also make use of these features, For example, during signal acquisition, 
multiple arms can be used not to look for multiple code words, but to find a single code 
more quickly, speeding up the acquisition process. Likewise, in a cluttered environment 
where a signal bounces off walls or other obstructions and as a result the receiver 1 520, 
1720 receives multiple copies of the same signal (often referred to as multipath), the 
multiple arms can track different time-displaced versions of the same signal to 
determine which provides the strongest signal. By tracking the same code with two 
different arms, the receiver 1520, 1720 can get better performance. 

[0269] Thus, the multiple arms in the correlator (i.e., the mixers 1610,) can be used for 
fast acquisition, multipath reception, or multiple code words. When the signal is initially 
being acquired, the multiple arms are used to speed up acquisition. If, after the signal is 
acquired, the signal quality is low due to the multipath effect, the multiple arms can then 
be used to track different time-shifted versions of the same signal. If, however, signal 
quality is good, then the multiple arms can be used to accommodate multiple code 
words and thereby speed up data transmission. 
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[0270] Thus, the multiple arm structure is configurable into a variety of uses that can 
improve system speed or performance. And if none of these uses are required, the 
additional arms of the correlator can be turned off to save power. 

Benefits Regarding Analog-to-Digital Converters 

[0271] Another advantage to this design is that by using multiple arms in each 
correlator 1560, the receiver need not increase the complexity of the analog-to-digital 
converters (ADCs) contained in the correlator 1560 as the data rate is increased. 

[0272] Since the decision circuit 1 620 in the correlator 1 560 receives an analog 
correlation signal from each mixer 1610, and outputs a digital data signal to another 
portion of the receiver 1 520, it will have to have at least one ADC to convert the 
received analog signal to a digital signal. 

[0273] If the receiver 1520 used a single arm in its correlator 1560 (i.e., a single mixer 
1610 checking for correlation with a single code word), the ADC in the decision circuit 
1620 would need to operate at the full data transmission speed. For example, if the 
receiver 1 520 was operating at 400 MBPS, the ADC would also have to operate at 400 
MBPS - making 400 million decisions every second. 

[0274] However, if the receiver 1520 used four arms in its correlator 1560 (i.e., four 
mixers 1 61 0i to 1 61 0 4 to check for four separate code words CW, to CW 4 at the same 
time), then it would require four ADCs in the decision circuit 1620, each operating at 100 
MBPS - making only 100 million decisions every second. This makes for a simpler 
design, since it is easier to design lower speed ADCs. As the speed of ADCs increase 
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they have to have a higher performance, be of higher quality, have less distortion, etc. 
than a lower speed ADC. This is usually more expensive, may take up more chip area, 
and may require a more expensive processing technology to create than a larger 
number of slower ADCs. Generally it is better to use multiple slow ADCs than one fast 


one. 


I0 275] In alternate embodiments it is also possible to make all of the necessary 
correlation decisions before any analog-to-digital conversion, thus using only one slow 


ADC. 


Scalability 

[0276] Furthermore, the concept of multiple code words is scalable, with the only limit 
being the number of correlators required in the receivers. If you want to send b bits at a 
time, then you need 2 (b " 1) code words and therefore 2< b1) arms in the correlators 1560 of 
each receiver 1520. 

[0277] Currently the number of bits b sent at a time is preferably between 2 and 5, 
i.e., 4 to 16 arms in each correlator 1560. However, as semiconductor fabrication 
technology advances, the number of workable correlators in a receiver will expand and 
the number of usable codes will similarly increase. 


Power Efficiency 

[0278] Another advantage of this design is that it has improved power efficiency. By 
using M-ary bi-orthogonal keying (MBOK), a transmission will suffer fewer errors for the 
same amount of noise that's present in the system as compared to BPSK or PPM. This 
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results in a coding gain, i.e., a more power efficient modulation scheme. In other words, 
for the same amount of errors at the receiver 1 520, the transmitter 1510 would use less 
transmission power. Equivalents for the same amount of transmission power, the 
receiver 1520 would suffer fewer errors. 

[0279] In a system that has a set number of allowable errors, e.g., 10 3 BER, this 
means that the transmitter 1510 can either transmit at a lower power to achieve that 
BER, or the signal could be sent over a longer distance before it reached its maximum 
BER because of the increased power efficiency. In other words, the system is more 
robust to errors allowing better range and better performance. 

Alternative Solutions 

[0280] As noted above, two alternative solutions for increasing data transmission rate 
is to either use shorter codes or to push the pulses closer together. However, both of 
these approaches have very diminishing returns. This is because without using a 
solution such as multiple code words, if you want to make the bit rate four times as fast, 
then you have to send four times as many pulses. That requires you to have the system 
clocks running four times as fast, which takes a lot more power, and power is of 
paramount importance for any portable device. 

[0281] The alternative of pushing the pulses closer together also runs into the 
problem noted above that there is a physical limitation on how close they can be pushed 
together (i.e., the width of the pulse plus the minimum separation between pulses). 
Once you reach that point, the speed of the device cannot be increased in that way. 
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[0282] The alternative of picking smaller code words runs into problems of the PSD of 
the transmission. The shorter the code words, the more repetitive the overall data 
transmission will be, and the higher the peaks in the PSD of the transmission. Given the 
restrictions imposed by the FCC (See Fig. 2), it's preferable to keep these peaks as low 
as possible to maximize the transmission power of the signal. Therefore, as the code 
words are made shorter, the PSD of the transmitted signal deteriorates. 

[0283] In addition, as smaller code words are chosen, it will be harder to find groups 
of mutually orthogonal codes within the set of possible code words. At some point, if the 
code words are reduced in length enough, it will be impossible to find the requisite 
number of mutually orthogonal code words. 

Pseudo-Random Scrambling 

[0284] As shown in Fig. 2, the FCC has limited the power spectral density (PSD) of 
UWB signals. As noted above, it is preferable to keep the PSD of a transmitted signal as 
smooth as possible to maximize the allowable transmission power for the signals. 

[0285] One way to smooth out the PSD in a code word implementation is to use very 
long code words. The longer the code words, the more they will look like random 
transmissions, and the smoother the PSD curve. However, if the code words are made 
longer than they need to be, available transmission time will be wasted, reducing the 
maximum data rate allowed by the system. 

[0286] This is made even more difficult in an MBOK system by the requirement that 
the code words chosen must be orthogonal to each other. The code words must be 
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chosen first for their orthogonality, and only then can their average spectrum properties 
be considered. Given the limited number of mutually orthogonal sets of codes, it can be 
extremely hard to choose a set of code words that do not result in any sharp peaks in 
the PSD curve. 

[0287] One solution to this problem is to multiply the data signal by a pseudo-random 
sequence to whiten it before transmission. The pseudo-random sequence is a sequence 
of +1 and -1 values that is predictable and preferably longer than a code word, but looks 
random (i.e., has no discernable pattern). By multiplying the transmitted code words 
with this pseudo-random pattern they will be scrambled such that they appear random, 
but will be scrambled in a way that can be unscrambled at the receiver. This will allow 
bi-orthogonal keying to be used, but provide acceptable spectrum properties. 

[0288] The pseudo-random sequence should be either known to both transmitter and 
receiver, or there should be a deterministic way of producing this pattern, e.g., 
performing a function that starts from a known sequence, that is known by both the 
transmitter and the receiver. Thus both the transmitter and the receiver will be able to 
produce the pseudo-random sequence and the scrambling can be both performed and 
undone. This will make the scrambling completely transparent to the rest of the system. 

[0289] Specifically, by multiplying the transmitted code words sequentially by the 
pseudo-random series of +1 and -1 values, the transmitter will take a string of code 
words (or inverses) and scramble them into a pseudo random pattern. This will flatten 
out the spectrum of the transmitted signal, reducing the number of sharp peaks in its 
PSD. This eliminates the need to worry about the spectrum properties of the chosen 
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code words, since the pseudo-random scrambling eliminates any short-term regularity 
in those codes, essentially wMening the transmission. Then the receiver reverses the 
process and obtains the encoded data. Thus, pseudo-random scrambling enables the 
system use the advantageous properties of bi-orthogonal keying, but with superior 
power efficiency. 

Pseudo-Random Scrambling Circuitry 

[0290] Figs. 17Aand 17B are block diagrams of transmitter and receiver pairs using 
pseudo-random scrambling according to preferred embodiments of the present 
invention. The transmitter and receiver pair 1700a in Fig. 17Ais used to produce binary 
code words. The transmitter and receiver pair 1700b in Fig. 17B is used to produce 
ternary code words. 

102911 As shown in Fig. 17A, the transmitter receiver pair 1700a includes a transmitter 
1710a and a receiver 1720. The transmitter 1710a includes a lookup table 1530, a pulse 
forming network (PFN) 1535a, an adder 1540, a transmitting antenna 1545, a 
transmitter mixer 1770, a transmitter pseudo-random sequence generator 1775, and a 
transmitter switch 1778. The receiver 1720 includes a receiving antenna 1550, a front 
end 1555, a correlator 1560, a receiver mixer 1780, a receiver pseudo-random 
sequence generator 1785, a receiver switch 1788, and an acquisition circuit 1790. As 
shown in Fig. 17B, the transmitter receiver pair 1700b includes a transmitter 1710b and 
a receiver 1720. The transmitter 1710b includes a lookup table 1530, a pulse forming 
network (PFN) 1535b, an adder 1540, a transmitting antenna 1545, a transmitter mixer 
1770, a transmitter pseudo-random sequence generator 1775, and a transmttter switch 
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1778. The receiver 1720 includes a receiving antenna 1550, a front end 1555, a 
correlator 1560, a receiver mixer 1780. a receiver pseudo-random sequence generator 
1785, a receiver switch 1788, and an acquisition circuit 1790. These two operate in the 
same manner except for the operation of IhePFN 1535a, 1535b in each transmit 
1710a, 1710b. 

[0292] The elements in Figs. 17Aand 17B that are the same as Figs. 15Aand 15B 
operate in the same or similar manner and so their description will not be repeated. 

The Transmitter 

10293] The transmitter pseudo-random sequence generator 1775 operates to 
generate a long pseudo-random sequence. In the preferred embodiment, the transmitter 
pseudo-random sequence generator 1775 is a shM register .ha. has .he pseudo-random 
sequence entered into it. More specifically, in the preferred embodiment the transmitter 
pseudo-random sequence generator 1775 is a linerfeedback shift register. 

102941 in this embodiment, the transmitter pseudo-random sequence generator 1775 
has a number of storage locations that contain the long, pseudo-random sequence (i.e., 
a long string of pseudo-random 1 and -1 values). In a preferred embodiment the 
transmitter pseudo-random sequence generator 1775 contains between fifteen and 
thirty entries, though it may have more or fewer in alternate embodiments. 

[0295] The pseudo-random sequence is shifted through the pseudo-random 
sequence generator 1775 each time the lookup table 1 530 outputs a pulse, and the top 
entry is multiplied with the output of the lookup table 1530 at the transmitter mixer 1770. 
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(Preferably this is an XOR operation.) The transmitter pseudo-random sequence 
generator 1775 (i.e., the shift register) may also have one or more feedback taps that 
he.p make the sequence appear more random. These feedback taps allow a bit from 
within the shift register to combined with the ending bit being cycled back to the 
beginning of the shift register. This feedback can help make the pseudo-random 
sequence of »1"s and "0»s appear more random without becoming any less predictable 
for the receiver 1720. 

[0296] in alternate embodiments a different circuit could be used as the transmitter 
pseudo-random sequence generator 1775. For example, the transmitter pseudo-random 
sequence generator 1775 could be a circuit that performs a known function that outputs 
a pseudo-random sequence. 

[0297] It is preferable that the transmitter 1710 also have the capability to control 
when the pseudo-random sequence is provided to the transmitter mixer 1770. To this 
end, the transmitter switch 1778 is provided. When the transmitter switch 1778 is open, 
the transmitter mixer 1770 passes the pulses from the lookup table 1530 to the PFN 
1535a, 1535b unchanged (i.e., it multiplies them by a constant value of + 1). When the 
transmitter switch 1778 is closed, however, the pulse stream from the lookup table 1530 
is multiplied by the pseudo-random sequence from the transmitter pseudo-random 
sequence generator 1775. One reason for this is that some transmissions need not be 
sent with a pseudo random element added. 

l02 98] However, when the transmitter switch 1778 is closed, the code words output by 
the lookup table 1530 will be whitened by the pseudo-random sequence stored in the 
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transmitter pseudo-random sequence generator 1775 before they are transmitted by the 
transmitting antenna 1545. 

10299] Although Figs. 17A and 17B show that the pseudo-random sequence is 
introduced between the lookup table 1530 and the PFN 1535a, 1535b, in alternate 
embodiments it could also be introduced after the PFN 1535a, 1535b. However, for 
implementation reasons, it is preferable that the pseudo-random element be added 
before the pulses are generated. 

[0300] One time when the transmitter 1710a, 1710b and recewer 1720 may not use 
pseudo-random scrambling is during signal acquisition. When a data packet is first sent 
from a transmitter to a receiver, a certain period of time will be spent synchronizing the 
two devices up. 

[0301] Fig. 1 8 is a block diagram of a data packet according to a preferred 
embodiment of the present invention. As shown in Fig. 18, the packet 1800 includes a 
preamble 1810, a header 1820, and data 1830. Each portion of the packet is made up 
of a series of pulses representing the bits of data in that portion of the packet 1 800. 

[0302] In the preamble 1810, the transmitter 1510 sends a known sequence of signals 
(e.g., a pattern of one particular code word and its inverse). The receiver 1520 listens 
for this known sequence in order to properly lock onto the signal from the transmitter 
1510. No substantive data is sent in the preamble 1810 since the receiver 1520 is still 
getting its timing synchronized with that of the transmitter 1510. The header 1820 
includes information about the intended recipient of the packet 1800 and other 
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identifying information. The data 1830 includes the substantive data being transmitted 
by the packet 1800. 

[0303] Preferably, the preamble 1810 is not scrambled with a pseudo-random 
sequence, but the header 1820 and the data 1830 are scrambled. This is because for 
proper synchronization to occur, the receiver 1 520 must know what the preamble sent 
by the transmitter 1510 looks like. This would not be possible if the preamble 1810 were 
scrambled and the receiver did not yet have information (contained in the preamble 
1810) necessary to descramble it. 

[0304] Thus, in this embodiment the transmitting switch 1778 is kept open while the 
preamble 1810 is being sent, and is closed when the header 1820 and data 1830 are 
being sent. Likewise, the receiving switch 1 788 will be kept open while the preamble 
1810 is being received, and is closed when the header 1820 and data 1830 are being 
received. 


The Receiver 

[0305] The receiver pseudo-random sequence generator 1785 generates the same 
long pseudo-random sequence contained in the transmitter pseudo-random sequence 
generator 1775. In the preferred embodiment, the receiver pseudo-random sequence 
generator 1785 is also a shift register, more preferably a linear feedback shift register. 
The pseudo-random sequence is preferably generated and entered into the receiver 
pseudo-random sequence generator 1785. The receiver shift register has a number of 
storage locations that contain the long, pseudo-random sequence (i.e., a long string of 
pseudo-random +1 and -1 values). In a preferred embodiment the receiver shift register 


Page 74 of 127 


XSI.067 

contains between fifteen and thirty entries, though it may have more or fewer in 
alternate embodiments. 

[0306] The pseudo-random sequence is shitted through the receiver pseudo-random 
sequence generator 1785 each time a pulse is received from the front end 1555. and 
the top entry is multiplied with the output of the front end 1555 at the receiver mixer 
1780. (Preferably this is performed with an XOR function.) The receiver shift register 
may also have one or more feedback taps that help make the sequence appear more 
random. These feedback taps have a bit from within the shift register combined with the 
ending bit being cycled back to the beginning of the sh« register. As a result the 
receiver pseudo-random sequence generator 1785 outputs a pseudo-random sequence 
of "1"s and "0"s to the receiver mixer 1780. 

[0307] The operation of the receiver pseudo-random sequence generator 1785 is 
synchronized with the operation of the transmitter pseudo-random sequence generator 
1775 such that they both output the same pseudo-random sequence. Thus, although 
the sequence appears random, it is also deterministic. 

[0308] As with the transmitter pseudo-random sequence generator 1775, in alternate 
embodiments a different circuit could be used as the receiver pseudo-random sequence 
generator 1785. For example, the receiver pseudo-random sequence generator 1785 
could be a circuit that performs a known function that outputs a pseudo-random 
sequence. 

[0309] It is preferable that the receiver 1720 also have the capability to control when 
the pseudo-random sequence is provided to the receiver mixer 1780. To this end, the 
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receiver switch 1788 is provided. When the receiver switch 1788 is open, the receiver 
mixer 1780 passes the pulses from the front end 1555 to the correlator 1560 unchanged 
(i.e., it multiplies them by a constant value of +1 ). When the receiver switch 1788 is 
closed, however, the pulse stream from the front end 1555 is multiplied by the pseudo- 
random sequence from the receiver pseudo-random sequence generator 1785 before it 
is sent to the correlator 1 560. One reason for this is that some signals have been sent 
with no pseudo random element added (e.g., the preamble 1810). 

[0310] Thus, when the receiver switch 1 778 is closed, the code words received at the 
receiver antenna 1 550 and processed by the front end 1 555 will be descrambled by the 
pseudo-random sequence output by the receiver pseudo-random sequence generator 
1785 before they are correlated by the correlator 1560. 

[0311] Although Figs. 17Aand 17B show that the pseudo-random sequence is 
introduced between the front end 1555 and the correlator 1560, in alternate 
embodiments it could also be introduced before the front end 1555. However, for 
implementation reasons, it is preferable that the pseudo-random element be added after 
the received pulses are amplified. 

[0312] As noted above, when the signal coming into the receiver 1 720 is scrambled 
(e.g., during the header 1820 and the data 1830 portions of packet 1800), the receiver 
1720 will have to reverse the pseudo-randomization of the pulses in the signal. 

[0313] The receiver 1 720 accomplishes this based on information received during the 
unscrambled preamble 1810. During the preamble 1810 of a given packet 1800, the 
acquisition circuit 1790 in the receiver 1720 performs several functions. First, it locks 
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onto the timing of the incoming signal by identifying a known sequence of pulses 
contained in the preamble 1810 (e.g., one of the code words and its inverse). Based on 
this timing information, the acquisition circuit 1790 then determines where the 
boundaries between code words are. Finally, it determines when the preamble 1810 
ends and the header 1820 begins, and instructs the receiver switch 1788 to close so 
that the incoming pseudo-random stream of pulses can be descrambled, and instruct 
the pseudo-random sequence generator 1 785 to begin. The receiver switch 1788 will 
then be opened after the last of the data is received, to await a new packet. 

[0314] As noted above, the receiver pseudo-random sequence generator 1 785 
outputs the same pseudo-random stream of +1 and -1 values as the transmitter 
pseudo-random sequence generator 1775. Since the receiver pseudo-random 
sequence generator 1785 starts at the same position as the transmitter pseudo-random 
sequence generator 1775, the operation of the receiver pseudo-random sequence 
generator 1785 will undo the scrambling caused by the transmitter pseudo-random 
sequence generator 1775. 

[0315] After being multiplied by the corresponding value from the pseudo-random 
stream in the receiver mixer 1 780, the data stream will be back to the way it was before 
being multiplied by the corresponding value from the pseudo-random stream in the 
transmitter multiplier 1 770. If the value from the pseudo-random stream was +1 , then 
the pulse will be unchanged by either operation; if the value from the pseudo-random 
stream was -1 , then the pulse will be inverted by the first operation and returned to 
normal by the second operation. 
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[0316] The conceptual block diagram of Fig. 17A could be used with three-cycle 
BPSK (i.e., using a pulse of three cycles of an oscillating signal). The generation of the 
three-cycle wavelet in the transmitter and the demodulation of the three-cycle wavelet in 
the receiver are performed in the PFN 1535a, and the correlator 1560, respectively. 

[0317] A random overlay cover code using the wavelets of +1 and -1 for the code 
could also be used for ternary M-BOK code words. In preferred embodiments the cover 
code will always be binary (i.e., it will use values of ±1 ), and not ternary, regardless of 
the underlying code words. 

Operation of the Transmitter and Receiver 

[0318] Figs. 19 and 20 are flow charts describing the operation of the transmitter and 
receiver, respectively, according to a preferred embodiment of the present invention. 

[0319] As shown in the flow chart of Fig. 19, the process begins when the transmitter 
1510a, 1510b, 1710a, 1710b (See Figs. 15A, 15B, 17A, and 17B) receives a bit stream. 
(Step 1910) The transmitter 1510a, 1510b, 1710a, 1710b then breaks b bits off of the bit 
stream (Step 1 920) and determines a code word (or code word inverse) that 
corresponds to the current b-bit segment from the bit stream. (Step 1930) 

[0320] If pseudo-random scrambling is to be used on the current code word, the 
transmitter 1510a, 1510b, 1710a, 1710b then multiplies the code word by a predictable 
pseudo-random sequence. (Step 1940) In embodiments where no pseudo-random 
scrambling is used (e.g., the embodiments shown in Figs, 15Aand 15B), or in portions 
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of a packet where no pseudo-random scrambling is used, the transmitter 1510a, 1510b, 
1710a, 1710b can omit this step. 

[0321] The transmitter 1510a, 1510b, 1710a, 1710b then transmits the code word 
(scrambled or unscrambled) to the receiver 1520, 1720 (See Figs. 15A, 15B, 17A, and 
17B). (Step 1950) 

[0322] Once this is done, the transmitter 1510a, 1510b, 1710a, 1710b then 
determines whether there are any more bits left in the bit stream. (Step 1960) If there 
are, it returns to Step 1 920 and breaks off another b bits. If the bit stream has ended, 
then the transmission process ends. (Step 1970) 

[0323] As shown in Fig. 20, the receiver 1520, 1720 begins by receiving n pulses 
transmitted by receiving a code word, comprising n pulses, from the transmitter 1510a, 
1510b, 1710a, 1710b. (Step 2010) 

[0324] If pseudo-random scrambling has been used on the received code word, the 
receiver 1720 then multiplies the received code word by a predictable pseudo-random 
sequence. (Step 2020) In embodiments where no pseudo-random scrambling is used, 
or in portions of a packet where no pseudo-random scrambling is used, the receiver 
1720 can omit this step. 

[0325] The receiver 1 520, 1 720 correlates the received code word with k possible 
code words to generate 1 st through k* correlation values (Step 2030), and then 
compares the 1 st through k* correlation values to determine the b-bit data sequence 
that the received code word represents. (Step 2040) 
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[0326] The receiver 1 520, 1 720 then outputs this b-bit data sequence (Step 2050) and 
determines whether there is another code word to receive. (Step 2060) If there is 
another code word, the receiver 1520, 1720 returns to Step 2010 and receives the next 
code word. If there are no more code words to receive, the reception process ends. 
(Step 2070) 

Subrates 

[0327] In alternate embodiments it is also possible to use subrate codes to increase 
the Eb/No for the transmitted signals. In this case the MBOK codes (e.g., the ones 
shown in Table 3) are concatenated with an appropriate overlay code. In other words, a 

I subrate will have n overlay code elements, each a 1 or a -1 . In operation, n 

n 

sequential code words will be provided, each multiplied by the corresponding overlay 
code element. 

[0328] This effectively extends the length of a basic code word by 2 or 4, which 
makes the symbol longer, which gives more energy per symbol. This can provide 3dB or 
6dB, respectively, of additional E^No, which can translate into greater range. The cost of 
this is a reduction in rate of data transfer. 

[0329] For example, if code word 1 from Table 2 were used with the V* overlay code of 
Table 5, the code word would be repeated twice, once multiplied by 1 , and once 
multiplied by-1 to obtain: -1 1 1 1 1 1 -1 -1 -1 1 1 -1 1 -1 -1 -1 "1 "1 ^ 1 1 " 1 " 1 1 
as a subrate code. 
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Tabl 5:Subrat Overlay Codes 


Subrate Factor 

Ov rIayCode 

y 2 

1 -1 

1 /4 

11-1-1 


[0330] Although 11-1-1 is shown as an overlay code for a subrate of %, alternate 
embodiments could use and overlay code of 1 -1 1 -1 . 


Carrier Offset 

[0331] In embodiments that use segments of a continuously generated oscillating 
signal it is also possible to include a carrier offset to the code words used for multiple 
overlapping networks. In this case, a basic frequency used for the oscillating signal 
(called a carrier frequency) is offset for each of the networks by a unique offset value. 
Thus, each network will have nearly the same carrier frequency for its pulses, but none 
will be identical. 

[0332] Tables 6A and 6B show examples of carrier offset values as they are used in 
preferred embodiments of the present invention. Table 6A shows an embodiment having 
seven overlapping networks, and is exemplary of embodiments having an odd number 
of overlapping networks. Table 6B shows an embodiment having four overlapping 
networks, and is exemplary of embodiments having an even number of overlapping 
networks. This carrier offset can work for any sort of pulse, whether a monopulse, a 
section of an oscillating signal, etc. 
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Tabl 6A:Carri r Offset Values for 
uptoS venOv rlapping Networks 


Network laentiTi r 

nrrior Offcot Vail IP 
Vsdiriffi v/iiotsi venue 

0 

-9 MHZ 

i 
i 

-6 MHz 

2 

-3 MHz 

3 

Unchanged 

4 

+3 MHz 

5 

+6 MHz 

6 

+9 MHz ! 


[0333] As shown in Table 6A, the carrier frequency (also called a center frequency) of 
each network is adjusted from the nominal carrier frequency by the appropriate carrier 
offset value. When an odd number of overlapping networks are provided for, one may 
use the nominal carrier frequency, while the remaining networks use an offset carrier 
frequency. Preferably the offset carrier frequencies are symmetrical around the nominal 
carrier frequency. 


Table 6B: Carrier Offset Values for 
up to Four Overlapping Networks 


Network Identifier 

Carrier Offset Value 

0 

-9 MHz 

1 

-3 MHz 

2 

+3 MHz 

3 

+9 MHz 


[0334] As shown in Table 6B, the carrier frequency of each network is adjusted from 
the nominal carrier frequency by the appropriate carrier offset value. When an even 
number of overlapping networks are provided for, none of the networks use the nominal 
carrier frequency. Instead each network uses an offset carrier frequency. Preferably the 
offset carrier frequencies are symmetrical around the nominal carrier frequency. 
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[0335] Although Tables 6A and 6B show offset values for four and seven networks, 
more or fewer overlapping networks could be accommodated. Also, while in this 
embodiment the offset values are multiples of 3 MHz, in alternate embodiments the 
offset value could be changed. In some embodiments the offsets could use a different 
step value, or even have no set step value at all. varying from each other according to 
no set pattern. The practical limit of the offset values can be used is the tuning range of 
the oscillator used. 

[0336] In one preferred embodiment two separate bands are used, a high band and a 
low band. The high band has a nominal carrier frequency of 8.208 GHz, and the low 
band has a nominal carrier frequency of 4.104 GHz. 

[0337] In operation, the selection of the carrier offset value used by a given network 
will preferably be determined by the networks coordinator device during the initial scan 
prior to initiating the network. In this case, the network coordinator preferably selects a 
carrier offset value that is not in use by any other detected network in the area. 
Preferably this will be done at the same time that the network coordinator chooses a 
code word set for the network. In fact, the codeword set and the carrier offset will 
preferably be linked, each new network choosing a linked set to use. 

[0338] As noted above, the use of the individual code words provides a degree of 
channel separation between overlapping networks during preamble acquisition, limited 
only by the cross-correlation properties of the code word set used by each network. 
The use of the carrier offset value supplements this separation by providing a degree of 
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channel drift that keeps the channels used by each network from becoming stationary 
with respect to the other channels. 

[0339] This is helpful because although the code words limit the number of conflicts 
between the signals of overlapping networks, they cannot eliminate them. If the center 
frequencies (i.e., carrier frequencies) used by each network were identical, then any 
conflicts between codes of overlapping networks would be fixed in time relative to each 
other. 

[0340] However, if the two (or more) overlapping networks each have a slightly offset 
center frequency, the chipping phases of the networks will drift with time. This means 
that any significant interference between any two networks will fade away with time as 
the chipping phases of each network drift with respect to each other. And while the 
differing center frequencies also means that any interferences will also come back, their 
transitory nature means that they can often be corrected for through signal processing, 
e.g., through the use of forward error correction (FEC). 

[0341] Therefore, in embodiments using pulses formed from segments of an 
oscillating signal, the use of a carrier offset can reduce the chance of continued 
interference between two overlapping networks, allowing any interference to be of 
limited duration and therefore potentially correctable. 

Forward Error Correction 

[0342] In the preferred embodiments of the present invention, different types of 
forward error correction (FEC) could be used. For example, the system could use 
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convolutional FEC (e.g., at Vz rate, 2/3 rate and 3 A rate), Reed-Solomon FEC (255, 223), 
Reed-Solomon FEC (63, 55), as well as a concatenated convolutional & Reed-Solomon 
FEC. In a preferred embodiment Reed Solomon (63, 55) codes or concatenated 
convolution and Reed Solomon (63, 55) codes are used. 

[0343] Each of these varieties of FEC has unique characteristics that can be exploited 
depending upon the application. Convolutional FEC has low latency, limited speed, and 
moderate coding gain. Reed-Solomon FEC has moderate latency, high speed, and 
moderate coding gain. Concatenated FEC has high coding gain, high latency, and 
limited speed. As a result of these variations, different FEC methods can be used in 
different situations, as desired. 

Clear Channel Assessment (CCA) 

[0344] In order to operate more efficiently, it is desirable that a UWB network be able 
to determine quickly whether a given channel is being used by another device or not. 
This is particularly useful in a carrier sense multiple access (CSMA) medium access 
protocol, though it can be helpful in any implementation where quick scanning is 
desirable. The individual channels that may be scanned are m-cycle BPSK channels 
(three-cycle BPSK in the disclosed embodiments) separated by frequency. This process 
can be called carrier sense or clear channel assessment. 

[0345] In previous implementations, a full acquisition process was required to 
determine if a specific channel was clear (i.e., unused by another device) or not. 
However, an alternate approach allows for an assessment of whether the channel is 
clear to be performed quickly. 
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[0346] Figs. 21 A and 21 B are block diagrams showing circuits for performing a rapid 
clear channel assessment according to preferred embodiments of the present invention. 
In preferred embodiments these circuits preferably use segments of an oscillating signal 
as pulses. However, alternate embodiments could use different pulse structures. 

First Preferred Embodime nt of CCA Circuitry 

[0347] As shown in Fig. 21 A, the clear channel assessment (CCA) circuit 21 00a 
includes an antenna 2110, an RF front end 2115, a first mixer 2120, a second mixer 
2125, a base oscillator 2130, a 0/90 phase shifter 2135, a first low pass filter (LPF) 
2140, a second LPF 2145, a first squaring circuit 2150, a second squaring circuit 2155, 
an adder 2160, an inverting buffer 2165, a third mixer 2170, a doubling buffer 2175, a 
third LPF 2180, an absolute value circuit 2182, an automatic gain control (AGC) loop 
filter 2184, and a decimated fast Fourier transform (FFT) 2185. The CCA circuit 2100a 
may also include fourth, fifth, and sixth LPFs 2197, 2198, and 2199. 

[0348] Although this circuit may be performed entirely using analog circuitry in some 
embodiments, in a preferred embodiment analog-to-digital converter (ADCs) can be 
used at some point along the signal stream to perform part of the operation digitally. In a 
preferred embodiment, a first ADC 2190 is placed between the first LPF 2140 and the 
first squaring circuit 2150, and a second ADC 2195 is placed between the second LPF 
2145 and the second squaring circuit 2155. However, in alternate embodiments, the 
number and placement of ADCs could be altered, or they could be eliminated 
altogether. 
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[0349] In operation, the clear channel assessment circuit 2190a operates as follows. A 
signal comes in at the antenna 2110. This signal is sent through the front end 2115, 
which preferably includes a variable gain amplifier controlled by feedback from the AGC 
loop filter 2180. Once the incoming signal has been processed through the front end 
2115, it is provided to inputs in both the first and second mixers 2120 and 2125. These 
two mixers 2120 and 2125 mark the beginning of what can be called in-phase (I) and 
quadrature phase (Q) paths for the incoming signal, and this process of breaking the 
signal up into I and Q paths can be called l/Q demodulation. 

[0350] The base oscillator 21 30 provides a base oscillating signal at a frequency of 
F c . Preferably this base oscillating signal is a sinusoidal signal, though alternate 
waveforms can be used in alternate embodiments. F c is the center frequency of the 
particular bandwidth being used. In the preferred embodiment two bands are used, one 
centered on 4.104 GHz and the other centered on 8.208 GHz. Thus, if the circuit 2100a 
is for the low band, F c is 4.104 GHz, and if the circuit 2100a is for the high band, F c is 
8.208 GHz. This can be varied in alternate embodiments. 

[0351] The base oscillating signal output from the base oscillator 21 30 is sent through 
the 0/90 phase shifter, which outputs first and second oscillating signals that are out of 
phase from each other by 90 degrees. The first oscillating signal is provided to an input 
of the first mixer 2120, and the second oscillating signal is provided to an input of the 
second mixer 2125. 

[0352] The phase difference between the first and second oscillating signals can be 
accomplished by allowing one copy of the base oscillating signal to pass unchanged, 
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while another copy is shifted 90 degrees. Other embodiments could manipulate the 
base oscillating signal in other ways to provide the first and second oscillating signals. 
In the embodiment of Fig. 21 A, the first oscillating signal is the same phase as the base 
oscillating signal, while the second oscillating signal is delayed in phase by 90 degrees 
from the base oscillating signal. This could be altered in alternate embodiments, so long 
as the first and second oscillating signals were out of phase by 90 degrees. 

[0353] The first mixer 21 20 mixes the first oscillating signal and the signal received 
from the front end 2115 and provides a first mixed signal to the first LPF 2140. Similarly, 
the second mixer 2125 mixes the second oscillating signal and the signal received from 
the front end 2115 and provides a second mixed signal to the second LPF 2145. 

[0354] The first and second LPFs 2140 and 2145 are preferably root raise cosine 
filters with a cutoff frequency proportional to the modulated signal, as is common for 
root raised cosine Nyquist filters. Other filter types and bandwidths can be used in 
alternate embodiments, however. In the preferred embodiment using high and low 
bands, the cutoff frequency used for the low band is 684 MHz, and the cutoff frequency 
used for the high band is 1 .368 GHz. This can be modified in alternate embodiments. 

[0355] The output of the first LPF 2140 is provided to both the first squaring circuit 
2150 and the third mixer 2170, while the output of the second LPF 2145 is provided to 
both the second squaring circuit 2155 and the third mixer 2170. 

[0356] The first squaring circuit 2150 squares the output of the first LPF 2140 to 
provide a first squared signal, while the second squaring circuit 2155 squares the output 
of the second LPF 2145 to provide a second squared signal. 
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[0357] The third mixer 2170 mixes the output of the first LPF 2140 and the output of 
the second LPF 2145 to provide a third mixed signal. 

[0358] The inverting buffer 2165 inverts the second squared signal to provide an 
inverted signal, while the doubling buffer doubles the third mixed signal to provide a 
doubled signal. 

[0359] The adder 21 60 adds the first squared signal, the inverted signal, and the 
doubled signal to produce an adder output signal. 

[0360] One way to look at the clear channel assessment circuit 21 00a is to consider 
that it breaks the incoming signal into a real portion x output from the first LPF 2140, 
and an imaginary portion y output from the second LPF 2145. The square of the 
incoming signal can also be calculated as the square of the sum of the real and 
imaginary portions of the incoming signal, as follows: 

[0361] Square of Incoming Signal = x 2 + jlxy - y 2 (1 8) 

= (x 2 -y 2 )+j2xy 

[0362] Thus, the output of the adder 2160 represents the real portion of the square of 
the input signal, while the output of the doubling buffer represents the imaginary portion 
of the input signal. 

[0363] The third LPF 21 80 serves to remove double frequency components in the 
squared input signal. The real and imaginary portions output from the third LPF 21 80 
represent the values of (I 2 - Q 2 ) and 2(l x Q), respectively. 
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[0364] In the preferred embodiment the third LPF 21 80 has a cutoff frequency of 20 
MHz. 

[0365] The absolute value circuit 21 82 takes the output of the third LPF 21 80 and 
gives it a positive magnitude. 

[0366] The ACG loop filter 2184 is preferably a first order control loop filter with an 
output proportional to the error signal at the input. Other filter types are possible in 
alternate embodiments, however. The ACG loop filter 21 84 filters the output of the 
absolute value circuit 2182 and provides the result to the front end 2120 as a feedback 
signal. 

[0367] The output of the third LPF filter 21 80 is also provided to the decimated FFT 
circuitry 2185 as an input signal, which performs a decimated fast Fourier transform on 
the signal, moving the signal from the time domain to the frequency domain. The result 
of this decimated fast Fourier transform is a clear channel assessment (CCA) signal that 
indicates whether another network is on the air in the channel being listened to. 

[0368] The current device compares the CCA against a noise baseline to determine if 
another device is using the channel in question. If the CCA signal is above a set 
threshold, then the device determines that the channel being investigated is in use; if 
the CCA signal is not above the threshold, then the device determines that the channel 
being investigated is not in use. The noise baseline and associated thresholds can be 
determined by observation of unused channels, or by other known algorithms. 

[0369] The clear channel assessment circuit 21 00a can also provide values for 12, Q2, 
and (I x Q) by passing the outputs of the first squaring circuit 2150, the second squaring 
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circuit 2155, and the third mixer 2170 through the fourth, fifth, and sixth LPFs 2197, 
2198, and 2199, respectively. While these values are not needed for the CCA process, 
they can be used by the device for other purposes. 

[0370] In a preferred embodiment, the clear channel assessment circuit 21 00a 
operates with analog circuitry up until the first and second LPFs 2140 and 2145, and 
operates with digital circuitry thereafter. Therefore, in this embodiment the first ADC 
2190 is inserted between the first LPF 2140 and the first squaring circuit 2150, and the 
second ADC 2195 is inserted between the second LPF 2145 and the second squaring 
circuit 21 55. In alternate embodiments the analog/digital line could be moved, or the 
whole operation could be performed in the analog realm. 

[0371] This first preferred embodiment of the CCA circuitry requires that the base 
oscillator 2130 be very accurate, which can require more complicated and expensive 
circuitry. Therefore, a second preferred embodiment is provided that allows for a 
feedback control of the frequency of the base oscillator 2130. 

[0372] Fig. 21 C is a block diagram of a rapid clear channel assessment (CCA) 
method according to a preferred embodiment of the present invention. 

[0373] As shown in Fig. 21 C, the method begins with the system listening for channel 
energy over a wireless channel. (Step 2101) This channel energy may represent noise, 
or a signal over top of the noise. 

[0374] The system then demodulates the channel energy into in-phase and 
quadrature phase components (also called I and Q components). (Step 2102) In order 
to perform the CCA quickly, the demodulation is preferably performed without 
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determining the proper phase of any signal that may be on the channel. Thus, while 
these I and Q components may not be the exact in-phase and quadrature phase 
components of a signal (if any) being transmitted over the channel, the CCA process 
functions regardless. The I and Q components in this process can be considered 
unsynchronized in-phase and quadrature phase components. They are each 90 
degrees out of phase with each other, but if they represent a valid signal their phase 
may not be properly matched with that of the receiver circuitry. 

[0375] The system will then square the unsynchronized in-phase component and the 
quadrature phase component [I 2 and Q 2 ] (Steps 2103 and 2104), determine twice the 
product of the unsynchronized in-phase component and the quadrature phase 
component [2(1 x Q)] (Step 2105), and the difference between the squared 
unsynchronized in-phase component and the squared quadrature phase component 
[l 2 -Q 2 ]. (Step 2106) 

[0376] The system then adds the difference between the squared unsynchronized in- 
phase component and the squared quadrature phase component with twice the product 
of the unsynchronized in-phase component and the quadrature phase component to 
obtain a CCA input value [I 2 - Q 2 + 2(l x Q)]. (Step 2107) 

[0377] The system then performs a carrier signal detection function on the CCA input 
value to produce a CCA output value (Step 21 08), and uses that CCA output value to 
determine if the channel energy represents noise or also includes a signal. (Step 2109) 
Preferably the system makes this determination by comparing the CCA output value 
with a threshold. If the CCA output value is above the threshold, the system will 
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determine that the channel has a signal. If the CCA output value is below the threshold, 
the system will determine that the channel has only noise. As noted above, even if the 
received signal is processed at an improper phase, this process will still function 
properly. 

[0378] If the channel energy is determined to be just noise, then the system may 
consider the wireless channel open and available for use. If the channel energy is 
determined to have a signal as well, then the system can simply consider the wireless 
channel to be used, or can further process the signal to see if it can be deciphered. 

[0379] Although Figs. 21 A and 21 C show one way of calculating the quantity 
[I 2 - Q 2 + 2(l x Q)], alternate methods and circuits are possible using different 
arrangements of circuitry, and performing operations in different orders. 

Second Preferred Embodiment of CCA Circuitry 

[0380] As shown in Fig. 21 B, the clear channel assessment circuit 2100b includes an 
antenna 2110, an RF front end 2115, a first mixer 2120, a second mixer 2125, a base 
oscillator 2130, a first 0/90 phase shifter 2135, a loop filter 2132, a voltage-controlled 
oscillator (VCO) 2134, a second 0/90 phase shifter 2136, a first low pass filter (LPF) 
2140, a second LPF 2145, a first squaring circuit 2150, a second squaring circuit 2155, 
an adder 2160, an inverting buffer 2165, a third mixer 2170, a fourth mixer 2172, a fifth 
mixer 2174, a doubling buffer 2175, an automatic gain control (AGC) loop filter 2180, 
and a decimated fast Fourier transform (FFT) 2185. Elements in Fig. 21 B that have the 
same reference numbers as in Fig. 21 A operate in a similar manner. 
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[0381] Although this circuit may be performed entirely using analog circuitry in some 
embodiments, in a preferred embodiment analog-to-digital converter (ADCs) can be 
used at some point along the signal stream to perform part of the operation digitally. In a 
preferred embodiment, a first ADC 2190 is placed between the first LPF 2140 and the 
first squaring circuit 2150, and a second ADC 2195 is placed between the second LPF 
2145 and the second squaring circuit 2155. However, in alternate embodiments, the 
number and placement ADCs could be altered, or they could be eliminated altogether. 

[0382] In operation, the clear channel assessment circuit 2190b operates as follows. A 
signal comes in at the antenna 2110. This signal is sent through the front end 2115, 
which preferably includes a variable gain amplifier controlled by feedback from the AGC 
loop filter 2180. Once the incoming signal has been processed through the front end 
2115, it is provided to inputs in both the first and second mixers 2120 and 2125. These 
two mixers 21 20 and 21 25 mark the beginning of what can be called I and Q paths for 
the incoming signal, and this process of breaking the signal up into I and Q paths can 
be called l/Q demodulation. 

[0383] The base oscillator 21 30 provides a base oscillating signal at a frequency of 
F c . Preferably this base oscillating signal is a sinusoidal signal, though alternate 
waveforms can be used in alternate embodiments. F c is the center frequency of the 
particular bandwidth being used. In the preferred embodiment two bands are used, one 
centered on 4.104 GHz and the other centered on 8.208 GHz. Thus, if the circuit 2100a 
is for the low band, F c is 4.104 GHz, and if the circuit 2100b is for the high band, F c is 
8.208 GHz. This can be varied in alternate embodiments. 
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[0384] The base oscillating signal output from the base oscillator 21 30 is sent through 
the first 0/90 phase shifter 2135, which outputs first and second oscillating signals that 
are out of phase from each other by 90 degrees. The first oscillating signal is provided 
to an input of the first mixer 21 20, and the second oscillating signal is provided to an 
input of the second mixer 2125. 

[0385] The first 0/90 phase shifter 21 35 can achieve the phase difference between 
the first and second oscillating signals by allowing one copy of the base oscillating 
signal to pass unchanged, while another copy is shifted 90 degrees. However, other 
embodiments could manipulate the base oscillating signal in other ways to provide the 
first and second oscillating signals. In the embodiment of Fig. 21 B, the first oscillating 
signal is the same phase as the base oscillating signal, while the second oscillating 
signal is delayed in phase by 90 degrees from the base oscillating signal. This could be 
altered in alternate embodiments, so long as the first and second oscillating signals 
were out of phase by 90 degrees. 

[0386] The first mixer 21 20 mixes the first oscillating signal and the signal received 
from the front end 2115 and provides a first mixed signal to the first LPF 2140. Similarly, 
the second mixer 2125 mixes the second oscillating signal and the signal received from 
the front end 2115 and provides a second mixed signal to the second LPF 2145. 

[0387] The first and second LPFs 2140 and 2145 are preferably root raise cosine 
filters with a cutoff frequency proportional to the modulated signal, as is common for 
root raised cosine Nyquist filtering. Other filter types and bandwidth can be used in 
alternate embodiments, however. In the preferred embodiment using high and low 
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bands, the cutoff frequency used for the low band is 684 MHz, and the cutoff frequency 
used for the high band is 1.368 GHz. This can be modified in alternate embodiments. 

[0388] The fourth mixer 21 72 receives the output of the first LPF 21 40 and a third 
oscillating signal received from the second 0/90 phase shifter 2136, and mixes the two 
to provide a fourth mixed signal. The fifth mixer 21 74 receives the output of the second 
LPF 2145 and a fourth oscillating signal received from the second 0/90 phase shifter 
2136, and mixes the two to provide a fifth mixed signal. 

[0389] The first squaring circuit 21 50 squares the fourth mixed signal to provide a first 
squared signal, while the second squaring circuit 2155 squares the fifth mixed signal to 
provide a second squared signal. 

[0390] The third mixer 21 70 mixes the fourth and fifth mixed signals to provide a third 
mixed signal. 

[0391] The loop filter 21 32 is preferably a type 2 second order lead-lag loop filter that 
serves to integrate the error signal from the third mixer 2170, controlling the VCO 2134. 

[0392] The output of the loop filter 21 32 is then used to control the frequency of the 
VCO 2134, which produces a corrective oscillating signal. This corrective oscillating 
signal is used to correct the frequency error introduced by the base oscillating signal 
produced by the base oscillator 2130. 

[0393] Preferably the VCO 21 34 has a frequency that is in the range of about 0 MHz 
to 10 MHz, depending upon the output of the loop filter 2132. 
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[0394] The corrective oscillating signal output from the VCO 2134 is sent through the 
second 0/90 phase shifter 2136, which outputs third and fourth oscillating signals that 
are out of phase from each other by 90 degrees. The third oscillating signal is provided 
to an input of the fourth mixer 2172, and the fourth oscillating signal is provided to an 
input of the fifth mixer 2174. 

[0395] The second 0/90 phase shifter 21 36 can achieve the phase difference between 
the third and fourth oscillating signals by allowing one copy of the corrective oscillating 
signal to pass unchanged, while another copy is shifted 90 degrees. However, other 
embodiments could manipulate the corrective oscillating signal in other ways to provide 
the third and fourth oscillating signals. In the embodiment of Fig. 21 B, the third 
oscillating signal is the same phase as the corrective oscillating signal, while the fourth 
oscillating signal is delayed in phase by 90 degrees from the corrective oscillating 
signal. This could be altered in alternate embodiments, so long as the third and fourth 
oscillating signals were out of phase by 90 degrees. The relative phases of the third and 
fourth oscillating with respect to the first and second oscillating signals is unimportant. 

[0396] The inverting buffer 21 65 inverts the second squared signal to provide an 
inverted signal, while the doubling buffer doubles the third mixed signal to provide a 
doubled signal. 

[0397] The adder 21 60 adds the first squared signal, the inverted signal, and the 
doubled signal to produce an adder output signal. 

[0398] As noted above, one way to look at the clear channel assessment circuit 
2100a is to consider that it breaks the incoming signal into a real portion x output from 
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the first LPF 2140, and an imaginary portion y output from the second LPF 2145. And 
based on Equation (1 8), the output of the adder 21 60 represents the real portion of the 
square of the input signal, while the output of the doubling buffer represents the 
imaginary portion of the input signal. 

[0399] The third LPF 21 80 serves to remove double frequency components in the 
squared input signal. In the preferred embodiment the third LPF 2180 has a cutoff 
frequency of 20 MHz. 

[0400] The absolute value circuit 21 82 takes the output of the third LPF 21 80 and 
gives it a positive magnitude. 

[0401] The ACG loop filter 2180 is preferably a first order control loop filter with an 
output proportional to the error signal at the input. Other filters are possible, however, in 
alternate embodiments. The ACG loop filter 21 84 filters the output of the absolute value 
circuit 2182 and provides the result to the front end 2120 as a feedback signal. 

[0402] The output of the third LPF filter 21 80 is also provided to the decimated FFT 
circuitry 2185 as an input signal, which performs a decimated fast Fourier transform on 
the signal, moving the signal from the time domain to the frequency domain. The result 
of this decimated fast Fourier transform is a clear channel assessment (CCA) signal that 
indicates whether another network is on the air in the channel being listened to. 

[0403] The current device compares the CCA signal against a noise baseline to 
determine if another device is using the channel in question. If the CCA signal is above 
a set threshold, then the device determines that the channel being investigated is in 
use; if the CCA signal is not above the threshold, then the device determines that the 
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channel being investigated is not in use. The noise baseline and associated thresholds 
can be determined by observation of unused channels, or by other known algorithms. 

[0404] In a preferred embodiment, the clear channel assessment circuit 2100a 
operates with analog circuitry up until the first and second LPFs 2130 and 2135, and 
operates with digital circuitry thereafter. Therefore, in this embodiment the first ADC 
2190 is inserted between the first LPF 2130 and the first squaring circuit 2140, and the 
second ADC 2195 is inserted between the second LPF 2135 and the second squaring 
circuit 2145. In alternate embodiments the analog/digital line could be moved, or the 
whole operation could be performed in the analog realm. 

Frequency Locking 

[0405] In alternate embodiments it is also possible to use the CCA circuits for 
frequency locking. By taking two successive FFT measurements (i.e., by looking at the 
output of the decimated FFT circuitry 21 85 for two successive signals), it is possible to 
calculate the frequency of the incoming signal as compared to the locally generated 
signal by observing the angular rotation of the FFT bin that contains the spectral peak. 

[0406] In other words, the device can determine how fast the incoming signal is 
diverging in phase from the locally generated signal and use that information to 
determine how the two frequencies differ. In alternate embodiments multiple FFT 
measurements can be used to make a more accurate frequency estimate. 

[0407] The following equations prove that two outputs from the decimated FFT 
circuitry 2185 that are uniformly spaced in time can be used to measure the bin angle 
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rotation (i.e., the frequency difference between the incoming signal and the locally 
generated signal). 

[0408] Consider the discrete complex FFT equation: 


[0409] X 


2n-k 5 


N-l 


= ^x{n.T s )e 1 NJ (19) 


[0410] where k is the frequency bin index, T s is the sample interval, F s is the sample 
frequency (i.e., — ), and N is the number of points in the decimated FFT circuitry 2185. 

In the preferred embodiment, F s = ~10 MHz (and so T s 100 ns), and N is about sixty- 
four. 

[0411] If the signal of interest is: 


[0412] 


c(t) = e j{2jt ^\ (20) 


[0413] where F„ is the local center frequency. This signal can then be digitized by an 
analog-to-digital conversion so that 


[0414] x{n-T s ) = e^ <>, (21) 

[0415] where discrete time is 


[0416] t = n-T s =y 


[0417] Applying the discrete FFT we get 
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n=0 


[0418] ^ ^{^) n T ' 


, (22) 


n=0 


[0419] The FFT peak will fall within the k* spectral bin that minimizes the relationship: 

(23) 


[0420] 


AF = 


k-F 
F„ -—rr 


N 


Call this value k pk and note that the value AF represents the frequency offset 


[0421] 

from "FFT bin center". 

[0422] We can now write 


^U^' 2 *"'" 5 ■ (24) 


M-\ n 


[0424] Notice that if AF=0 then X(k pk ) = N, and if AF = 0.5-^ then "> 

[0425] which is the amplitude respond of the rectangular FFT window (and which can 
lead to a slight but insignificant amplitude error when setting the AGC off the peak FFT 
bin amplitude). 

[0426] It is well known that a single FFT can only resolve frequency to the accuracy of 
an FFT bin. But if we take two FFT's at an interval of x we can observe the angular spin 
of the FFT coefficient cause by AF. 
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[0427] Taking a second FFT with a lag of x seconds, we get: 


N ~ ? j2jz AF (n T s +t) 


[0428] 


[0429] In this case, 


= e J2 ** FT -X{k pt ) 


l^A = e^ F \ and (26) 
[0430] X (k pk ) 


In- 


AF = 


(27) 


[0431] ^~ j. 2jt . T ' 

1 

[0432] where r<j^r. 

[0433] Thus, by taking two FFT measurements with a set time lag, it is possible to 
determine the frequency difference between the incoming signal and the locally 
generated signal. 

Choosing Frequency Offsets 

[0434] Using chipping rate offsets between networks forces RMS cross-correlation 
conditions between network code words. Because of this, there is a required minimum 
frequency offset in order to insure that cross-correlation errors do not cause burst 
errors. For offsets less than the minimum, cross-correlation spikes can cause burst 
errors, which will require some sort of FEC capable of dealing with burst errors. 
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[0435] This makes it necessary to balance the increased costs of FEC operations to 
address burst errors with the costs of providing hardware complex enough to use 
frequency offsets adequate to guarantee single errors. 

[0436] The following analysis will address the question of how much of a frequency 
offset is required between two networks to avoid burst errors. 

[0437] Assuming that the symbol (code word) duration from two different sources will 
differ by an amount x; that is: 


[0438] 


r S2 =r sl +r, 


(28) 


[0439] the chipping rates of the first and second sources can be described as follows: 


[0440] 


f =- 


(29) 


51 


[0441] 


f = — = 

l S2 


N N 


T S1} 


(30) 


[0442] where f cl is the chipping rate for the first source, f C2 is the chipping rate for 
the second source, N is the code word length, T S1 is the symbol duration of a first 
source, T S1 is the symbol duration of a second source, and x is the difference in symbol 
duration between the first and second sources. 

[0443] Equation 30 can be expanded using a binomial series, and can be truncated to 
yield: 
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[0444] 


f =- 

J C2 T 
2 Sl 


-fa 


T 


1-- 


(31) 


-'si 


[0445] The offset frequency difference Af can then be determined as: 

A/ = f C \ ~fa 


[0446] 


= /ci- 

"^/ci /ci 

T S1 

= /a 

-/a+/cT 

r 

= /c, 

r 


-/a 

T 


A/ 
//a 


= /ci 

r 



(32) 


[0447] The values of A/ and f C2 are determined by the network. The value of x can be 
determined by the "time width" of the cross-correlation, which in turn is determined by 
the wavelet autocorrelation. It is therefore possible to determine what the required 
frequency difference Af (i.e., the required offset frequency) is to decollate between 
two symbols and avoid burst errors. 

[0448] In one preferred embodiment, N = 24 (i.e., the code word is 24 chips long), and 
f c1 = 2.736 Gcps (i.e., the chipping rate is 2.736 Gcps), and the autocorrelation 3 dB 
time width for 70 pS peak-to-peak wavelets is ±10 pS. 
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[0449] Using equation 32, this results in a the following minimum frequency difference 
to decorrelate between two symbols: 

A/ = io*io- 12 ( 2 . 736x io^ (33) 

[0450] ; 24 V ' • < w > 

= 3M9MHz* 3. 12 MHz 

[0451] In other words, the frequency offset between chips must be about 3.12 MHz to 
decorrelate between two symbols. If the frequency offset is chosen to be 3.12 MHz or 
greater, then no burst errors will occur. If the frequency offset is chosen to be below 
3.12 MHz, then burst errors will occur. 

[0452] The length of burst errors will be determined by the chosen frequency offset. 
Using the parameters from Equation 32, consider if the offset frequency Af were only 1 
MHz. The difference in symbol duration between the first and second sources t can be 
calculated as: 

A^xA/ 24x10' (34) 
104531 fl (2.736X10') 2 

[0454] The error burst length can then be considered to be approximately the 
autocorrelation time width divided by difference in symbol duration between the first and 
second sources x: 

[0455] Error Burst Length: * |^| * 6 (35) 

[0456] The error burst length shows how long the error condition will persist before 
the offending code words drift apart in phase. This is determined by dividing the 
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possible variation of the autocorrelation 3 dB time width (20 pS. given the ±10 pS range) 
by t. 

[0457] As noted above with respect to Table 6B, in a preferred embodiment the 
frequency offsets for the chips are -9 MHz, -3 MHz, + 3 MHz, and + 9 MHz, which 
correspond to offsets of -3 MHz, -1 MHz, + 1 MHz, and + 3 MHz for the clock used to 
form the chips. This means that for two channels right next to each other, the frequency 
offset Af will be 2 MHz, which gives a difference in symbol duration x between devices 
on the two channels as: 

104581 fl (2.736X10 9 ) 2 

[0459] with an error burst length of: 

[0460] Error Burst Length: * * 3 , (37) 

[0461] which can be corrected through the use of FEC. 

[0462] However, for two channels that are not adjacent, the frequency offset Af will be 
4 MHz or 6 MHz, which eliminates the risk of burst errors. 

[0463] Therefore this implementation either eliminates burst errors or allows burst 
errors at a rate that can be addressed through the use of FEC. In the preferred 
embodiment, the coordinator of a network will preferably assign channels (i.e., 
frequency offsets) in such a way as to maximize the frequency offsets between the 
devices. In this way, the use of FEC will be used only when it cannot be avoided. 
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Clear Chann ID termination 

[0464] A multiple network environment can be modeled as a vector of signals 
[0465] V s (t) = [S. 3 (t) MO MO S 0 (t) MO MO S +3 (0] 
[0466] where S^m^cos^co,}}, a> t is the frequency offset, and m, is the 
time dependent modulation. This vector will be processed by a square law device (e.g.. 
the squaring circuits 2150 and 2155 in Figs. 21Aand 21B). 

[0467] The matrix product is given as of this squaring function is: 

m s 3 (t)s 2 (t) sww s. 3 (tm &m® 5 -3^ +2 (o 

s (t)s#) s\(t) s_ 2 (t)s A (t) s. 2 (t)s 0 (t) s_ 2 (0S.(0 s_ 2 m 2 (t) s.ms 

s\t)s 3 (t) sm 2 (f) £® s +ww s - m > {t) w+2(0 s - iit)S « {t) 
^)=w s 0 (t)s_ 2 (t) s 0 m«) <© *cdm> s 0 m 2 (t) 5>ww ( 29 > 

' ' 5^ 3 (0 S«(!)S_ 2 (t) 5,(05,(0 SJfK® %® W**V> S «® S «® 
5 +2 (05 3 (0 5 +2 (05. 2 (0 S +2 (0S,(0 5 + ^(0 S «® S *® &® U f +i(f) 
S^t)S 3 «) S +2 (t)S_ 2 (t) 5 +3 (05,(0 S +3 (t)S 0 «) W +2 (0 
[0468] All the signals off the main diagonal represent the product of two uncorrelated 

spread spectrum signals which yields just another spread spectrum signal (represents 
an increase in the noise floor). However, the trace represents the square-law product 
sum of the signals Sf (0««?(0WR +*,>}■ The expectation of each double 
frequency term is given by 


[0469] 


Sf(t) = -*mf(t)*cos{2(co 0 + ©,>} ( 3Q ) 


2 


[0470] where - 1 ■ This shows that the traCB temS * * 

frequency component and the cross-product terms (off main diagonal terms) simply 
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raise the noise floor. Assuming each network uses a unique chipping rate offset, the 
output of the squaring loop can be used for network identification. 

[0471] The output of the squarer in Fig. 21 A is a spectral comb representing the 
above trace terms with the noise floor set by the cross-product terms. This output is 
determined by the combination of the real and imaginary signal portions output from the 
third LPF 2180, and provided to the decimate FFT 2185. 

[0472] Figs 23A and 23B are FFT graphs of a simulation of the output of the third LPF 
2180 of Fig. 21A with 3 terms and 7 terms (i.e., channels), respectively, according to a 
preferred embodiment of the present invention. In each simulation, the input signals 
were the same strength and the frequency offset was 1 MHz, which corresponds to a 
squared spectral line separation of 2 MHz. 

[0473] In operation of the clear channel assessment circuit 2100a, the decimated FFT 
21 85 would perform the same FFT analysis of the signals from the third LPF 21 80 as 
shown in Fig. 23A and 23B, except over a smaller bandwidth corresponding to the 
possible positions of spikes in a given channel, and producing a single value as a result. 

[0474] If the result output from the decimated FFT 2185 is above a determined 
threshold, then the device determines that there is another device transmitting over the 
given channel. If, however, the result output from the decimated FFT 21 85 is below the 
threshold, then the device determines that the given channel is unused. 

As shown in Figs. 23A and 23B, each graph has a noise floor with a number of spikes 
corresponding to the number of terms used. And although the signal strengths were the 
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same in both simulations, the noise floor in Fig. 23B is roughly 10 dB higher than the 
noise floor of Fig. 23A. 

Signal Acquisition 

[0475] Signal acquisition in the disclosed UWB systems is preferably performed by code 
wheel spinning using a correlator 1560 as shown in Figs. 15A-17B. Once the timing of 
the chips (i.e. ( pulses) is determined, a sliding correlator (e.g., the correlator 1560 from 
Figs. 1 5A-1 5C) rotates through a full cycle of phases for the acquisition codeword to 
determine where the symbol boundaries lie. Proper codeword phasing, and hence 
symbol alignment, is associated with the peak response of the correlator. 

[0476] The present system provides several advantages over existing UWB systems. As 
noted above, the current system performs a clear channel determination very quickly to 
allow more efficient use of a CSMA environment. 

[0477] In addition, the present system allows three different preamble types, which can 
be used for different situations. By allowing the devices to choose between each of 
these preambles, the system improves the ability of the devices to provide for the 
shortest acquisition and maximum data rate allowed by the current transmission 
conditions. 

[0478] A preferred embodiment of the present invention provides three different 
preambles, each with slightly different parameters. A short preamble is used for 
situations where a transmission is strong or otherwise requires little in the way of 
processing to pass between devices successfully; a long preamble is used for situations 
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where the transmission is weak and requires maximum processing to pass successfully 
between devices; and a normal preamble is used for situations between these two 
extremes. Although three preamble types are used in the preferred embodiment, 
alternate embodiments could use more or fewer preamble choices, as desired. 

[0479] Figs. 22A-22C are block diagrams of a short preamble, a normal preamble, and a 
long preamble, respectively, according to preferred embodiments of the present 
invention. 

Short Preamble 

[0480] As shown in Fig. 22A, a short preamble 2201 includes an automatic gain control 
(AGC) / clear channel assessment (CCA) portion 2210, a short synchronization portion 
2221, a start frame delimiter (SFD) 2230, and a physical layer (PHY) header 2240. 

[0481] The AGC/CCA portion 2210 is preferably a period of time set aside for CCA and 
AGC setting. The length of the AGC/CCA portion 2210 is set to provide sufficient time 
for CCA and AGC. In the preferred embodiment disclosed in Fig. 22B, the AGC/CCA 
portion 2210 is 4 [ls long. 

[0482] The short synchronization portion 2221 provides the receiver with a known set of 
data that allows the receiving device to lock onto the chipping clock timing and the 
symbol clock timing of the transmitter. In other words, it allows the receiver to 
synchronize with the phase of the pulses and symbols being transmitted. In the 
preferred embodiment disclosed in Fig. 22A, the short synchronization portion 2221 is 

5 us long. 
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[0483] The SFD 2230 serves as a delimiter, indicating when the PHY header 2240 
starts. In the preferred embodiment disclosed in Fig. 22A, the SFD 2230 is V, ^ long. 

[0484] The PHY header 2240 provides time and information to allow the receiving 
device to perform what acquisition operations are necessary based on the particular 
PHY layer being used. The specific parameters of the PHY header 2240 will vary as 
different PHY layers are used. 

[0485] The short preamble is useful for situations where a strong signal is received and 
little processing beyond a set minimum is required to successfully acquire a signal. This 
includes signals being transmitted at short range (e.g.. about one meter), situations 
where no rake is required, and situations where no decision feedback equalization 
(DFE) is required. In the preferred embodiment, this would give the shortest acquisition 
time, and would allow the maximum data transmission rate. 

Normal Preamble 

[0486] As shown in Fig. 22B, a normal preamble 2202 includes an AGC/CCA portion 
2210. a normal synchronization portion 2222. a normal decision feedback equalization 
(DFE) training portion 2250. an SFD 2230, and a PHY header 2240. 

[0487] The AGC/CCA portion 2210 is preferably a period of time set aside for CCA and 
AGC setting. The length of the AGC/CCA portion 2210 is set to provide sufficient time 
for CCA and AGC. In the preferred embodiment disclosed in Fig. 22B, the AGC/CCA 
portion 2210 is 4 us long. 
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[0488] The normal synchronization portion 2222 provides the receiver with a known set 
of data that allows the receiving device to lock onto the chipping clock timing and the 
symbol clock timing of the transmitter. In other words, it allows the receiver to 
synchronize with the phase of the pulses and symbols being transmitted. In the 
preferred embodiment disclosed in Fig. 22A, the normal synchronization portion 2221 is 

8 us long. 

[0489] The normal DFE training portion 2250 provides time and information for the 
receiver to perform decision feedback equalization on the incoming signal. In the 
preferred embodiment disclosed in Fig. 22B, the DFE training portion 2250 is 4 us long. 

[0490] The SFD 2230 serves as a delimiter, indicating when the PHY header 2240 
starts. In the preferred embodiment disclosed in Fig. 22A, the SFD 2230 is % us long. 

[0491] The PHY header 2250 provides time and information to allow the receiving 
device to perform what acquisition operations are necessary based on the particular 
PHY layer being used. The specific parameters of the PHY header 2250 will vary as 
different PHY layers are used. 

[0492] The normal preamble is useful for ranges longer than minimal ranges (e.g., 
above one meter), cases where rake or DFE is required, or any cases where some 
amount of signal processing between a minimum and maximum amount is needed. In 
the preferred embodiment, the normal preamble would give a middling acquisition time, 
and would allow an average relative data transmission rate. 
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Lon g Preamble 

[0493] As shown in Fig. 22C, a long preamble 2203 includes an AGC/CCA portion 2210, 
a long synchronization portion 2223, a DFE training portion 2250, an SFD 2230, and a 
PHY header 2240. 

[0494] The AGC/CCA portion 221 0 is preferably a period of time set aside for CCA and 
AGC setting. The length of the AGC/CCA portion 2210 is set to provide sufficient time 
for CCA and AGC. In the preferred embodiment disclosed in Fig. 22B, the AGC/CCA 
portion 2210 is 4 pslong. 

[0495] The long synchronization portion 2223 provides the receiver with a known set of 
data that allows the receiving device to lock onto the chipping clock and the symbol 
clock of the transmitter. In other words, it allows the receiver to synchronize with the 
phase of the pulses being transmitted as well as the phase of the symbols being 
transmitted. In the preferred embodiment disclosed in Fig. 22C, the long chip and 
symbol clock lock portion 2222 is 91.5 us long. 

[0496] The DFE training portion 2260 provides time and information for the receiver to 
perform decision feedback equalization on the incoming signal. In the preferred 
embodiment disclosed in Fig. 22C, the DFE training portion 2260 is 4 us long. 

[0497] The SFD 2230 serves as a delimiter, indicating when the PHY header 2240 
starts. In the preferred embodiment disclosed in Fig. 22A, the SFD 2230 is % us long. 

[0498] The PHY header 2250 provides time and information to allow the receiving 
device to perform what acquisition operations are necessary based on the particular 
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PHY layer being used. The specific parameters of the PHY header 2250 will vary as 
different PHY layers are used. 

[0499] The long preamble is useful for long ranges (e.g., near maximum range), cases 
where rake or DFE are required, situations with antenna diversity (i.e., when more than 
one antenna is used, and it is necessary to determine which of the plurality of antennas 
gives the strongest signal and should be used for the duration of the packet), and any 
cases maximum signal processing is needed. In the preferred embodiment, the normal 
preamble would require the maximum acquisition time, and would allow a minimum data 
transmission rate. 

Determining Preamble 

[0500] As shown above, the lengths of the synchronization portions 2221 , 2222, and 
2223 vary among the three preambles 2201 , 2202, and 2203. In preferred 
embodiments, the short synchronization portion 2221 is shorter than the normal 
synchronization portion 2222, which is shorter than the long synchronization portion 
2223. 

[0501] In situations where a transmission has very good signal strength, the devices can 
choose the short preamble 2201 to maximize transmission speed. In this case, 
acquisition time is minimized because the high signal strength means that acquisition 
can be performed more quickly. And the shortened acquisition time means a greater 
data transmission rate 


Page 114 of 127 


XSI.067 

[0502] In situations where a transmission has poor signal strength, the devices can 
choose the long preamble 2203 to maximize transmission speed. In this case, 
acquisition time is lengthened at the expense of data transmission rate. But because the 
signal is poor, greater time is needed to achieve a successful acquisition. 

[0503] In situations where the signal strength is neither very good nor poor, the devices 
can choose a normal preamble 2202 to balance acquisition time and transmission 
speed. In this case, an average acquisition time is provided, which allows an average 
data transmission rate. 

[0504] It is important, however, that there be some way for all devices to know before 
any transmission what the preamble size will be. In a preferred embodiment, one 
preamble is set as a default. Any newly formed network will always start using the 
normal preamble 2202. Then, once communication is established, the devices in the 
network can determine (by whatever means is provided in the network) whether to 
change to a different preamble. 

[0505] For example, if after a time the data signal was found to be very strong, the 
network might move from the normal preamble 2202 to the short preamble 2201 in 
order to increase data transmission rate. Then, if for some reason the signal strength 
degrades and acquisition becomes harder, the network can return to the normal 
preamble 220, or even move to the long preamble 2203. 

[0506] Regardless, by providing multiple preambles, the system allows the network to 
adjust its data transmission rate based on the acquisition requirements imposed by the 
current signal strength. 


Page 115 of 127 


XSI.067 

Conclusion 

[0507] Obviously, numerous modifications and variations of the present invention are 
possible in light of the above teachings. It is therefore to be understood that within the 
scope of the appended claims, the invention may be practiced otherwise than as 
specifically described herein. 
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